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Preface to DSP Lab International Demo 


This course is a demonstration course to show DSP-related content in 
languages other than English. It is intended to serve the following purposes: 


1. To spread DSP technology and help establish DSP lab courses outside 
the US. 

2. To show that Connexions can support other languages and fonts, 
especially Asian. 

3. To demonstrate the Connexions project to those in other countries. 


For this demonstration course, content has been prepared in the following 
languages: 


e Japanese 
e Chinese (Mandarin) 
e Thai 


All of the original material for this demonstration course has been taken 
from Doug Jones' ECE320 at UIUC, which is a senior-level DSP lab course 
based on the Texas Instruments TMS320C54x. Many thanks to Doug and 
others at UIUC for their hard work in preparing the original course material. 


Note:In order to properly view all the content, you will need to install the 
necessary fonts for the Japanese, Chinese and Thai languages. 


Preface for U of I DSP Laboratory 


This text builds on over fourteen years of DSP laboratory instruction and 
over ten years of collaborative development of instructional laboratory 
materials. The content has evolved in tandem with ECE 320: Digital Signal 
Processing Laboratory, a senior-level, two-credit-hour elective laboratory 
course at the University of Illinois at Urbana-Champaign, and to a large 
extent reflects its goals and structure. The material is nonetheless well 
suited for a variety of course organizations, and earlier versions of the 
material have been used with success at the University of Washington and 
elsewhere. 


This text could be effectively used with several types of course structures, 
including 


e a semester-long project-oriented DSP laboratory, 

e a quarter- or semester-long DSP laboratory structured around weekly 
laboratory exercises, 

e a hands-on laboratory supplement as part of a signal processing theory 
course, 

e a self-study course in DSP implementation. 


ECE 320 at the University of Illinois represents the first type of course. It 
consists of roughly two equal parts: a series of weekly laboratory 
assignments, including introduction to the Texas Instruments TMS320C549 
microprocessor and DSP development environment, real-time FIR, IIR, and 
multirate filtering, spectral analysis using the FFT, and a digital 
communications transmitter. Students work together in pairs on these 
laboratory assignments and are orally quizzed individually after completing 
each weekly laboratory assignment. The materials for each week are a 
semi-self-paced tutorial with three major parts: a review of the signal 
processing concepts, a design or familiarization exercise (often MATLAB- 
based), and a real-time implementation assignment using the TMS320C549 
microprocessor. After completion of these common modules in mid- 
semester, student teams conceive of a substantial real-time DSP project of 
their choice and spend the remainder of the semester designing, simulating, 
implementing, and testing it. Supplementary modules introducing students 
to the basics of digital communication (including phase-locked loops and 


delay-locked loops), adaptive filtering, speech processing, and audio signal 
processing accelerate students’ progress on projects in these areas. 


A course emphasizing signal processing algorithms might forgo a major 
project and instead use the supplementary modules to complete a quarter or 
semester of weekly laboratory assignments. A one-hour hands-on 
laboratory supplement to a signal processing lecture course could stretch 
the first few units (e.g., through spectral analysis) over a semester, thereby 
reinforcing and enhancing students’ understanding of the core signal 
processing theory and algorithms. Due to the self-paced, tutorial nature of 
the materials, a student can independently learn the aspects of real-time 
DSP implementation that interest them; students in our senior independent 
design course at the University of Illinois have successfully used the 
materials in this manner. 


The laboratory materials and assignments reflect our belief that a thorough 
instruction in signal processing implementation requires exposure to 
assembly-language programming of fixed-point DSP microprocessors, as 
this represents an important component of current and at least near-future 
industrial practice. Instructors with other goals or perspectives may find 
most of the tutorial, design material, and assignments relevant even if they 
choose compiler-based or non-real-time implementation. Laboratories using 
different development systems or different DSP microprocessors will likely 
find almost all of the material well suited for their needs; only the 
hardware-specific language and instructions need be modified. Earlier 
versions of this material have been used with several different DSP 
microprocessors and development boards based on the Motorola DSP56000 
and the Texas Instruments TMS320 families. 


Connexions is an ideal venue for this text for several reasons. DSP 
hardware and development tools are evolving very rapidly, so a textbook 
produced through conventional publishers is likely to be almost obsolete 
before it is printed. Every university has a unique set of equipment, 
curriculum, and students, necessitating site-specific specialization of 
laboratory instructional material; conventional publishing is unable to 
produce textbooks cost-effectively with the rapid turnaround and low 
volumes thus required. We have always made our materials open, available, 


and free to other institutions to use in their own laboratory course 
development, so the open-source spirit of the Connexions project reflects 
our own philosophy and should more easily enable others to build on our 
experience. Finally, this material was created, modified, rewritten, and 
enhanced by a large and changing group of authors over a period of years in 
response to new ideas and evolving needs, goals, and equipment; its 
development thus embodies the Connexions philosophy. 


The development of these materials would not have been possible without 
the active support and encouragement of many people and organizations. 
First, we express our gratitude to the corporations, particularly Texas 
Instruments, Motorola, and Hewlett-Packard/Agilent, whose generosity has 
equipped our instructional laboratory with state-of-the-art DSP 
development systems and instruments; our laboratory course would not be 
possible without their support. It would also have been impossible without 
the active support of the departmental leadership and the staff of the 
Electrical and Computer Engineering department, and particularly Dan 
Mast, for supporting, designing, equipping, and maintaining our 
instructional laboratory. We thank the Connexions team for their very 
substantial help in "connexifying" our materials, including conversion of 
the majority of the material into CNXML and MathML format; without 
their efforts, the text in this form would not exist. Support from the National 
Science Foundation in recent years enables continuing development of the 
course in response to student and industry needs. Most importantly, we are 
grateful to the generations of teaching assistants and students who have 
taught and learned from these materials over the past decade or more; it is 
their hard work, creative input, and dynamic interaction that have yielded 
this result. 


Lab 0: Hardware Introduction 

This exercise introduces the hardware and software used in the course. By 
the end of this module, you should be comfortable with the basics of testing 
a simple real-time DSP system with Code Composer Studio, the debugging 
environment we will be using throughout the semester. First you will 
connect the laboratory equipment and test a real-time DSP system with 
provided code to implement an eight-tap (eight coefficient) finite impulse 
response (FIR) filter. With a working system available, you will then begin 
to explore the debugging software used for downloading, modifying, and 
testing your code. Finally, you will create a filter in MATLAB and use test 
vectors to verify the DSP's output. 


Introduction 


This exercise introduces the hardware and software used in testing a simple 
DSP system. When you complete it, you should be comfortable with the 
basics of testing a simple real-time DSP system with the debugging 
environment you will use throughout the course. First, you will connect the 
laboratory equipment and test a real-time DSP system with pre-written code 
to implement an eight-tap (eight coefficient) finite impulse response (FIR) 
filter. With a working system available, you will then begin to explore the 
debugging software used for downloading, modifying, and testing code. 
Finally, exercises are included to refresh your familiarity with MATLAB. 


Lab Equipment 


This exercise assumes you have access to a laboratory station equipped with 
a Texas Instruments TMS320C549 digital signal processor chip mounted on 
a Spectrum Digital TMS320LC54x evaluation board. The DSP evaluation 
module should be connected to a PC running Windows and will be 
controlled using the PC application Code Composer Studio, a debugger and 
development environment. Mounted on top of each DSP evaluation board is 
a Spectrum Digital surround-sound module employing a Crystal 
Semiconductor CS$4226 codec. This board provides two analog input 
channels and six analog output channels at the CD sample rate of 44.1 kHz. 


The DSP board can also communicate with user code or a terminal 
emulator running on the PC via a serial data interface. 


In addition to the DSP board and PC, each laboratory station should also be 
equipped with a function generator to provide test signals and an 
oscilloscope to display the processed waveforms. 


Step 1: Connect cables 


Use the provided BNC cables to connect the output of the function 
generator to input channel 1 on the DSP evaluation board. Connect output 
channels 1 and 2 of the board to channels 1 and 2 of the oscilloscope. The 
input and output connections for the DSP board are shown in [link]. 


Example Hardware Setup 
Oscilloscope Function Genevatov 


DSP Evaluation Boaud 


Note that with this configuration, you will have only one signal going into 
the DSP board and two signals coming out. The output on channel 1 is the 
filtered input signal, and the output on channel 2 is the unfiltered input 
signal. This allows you to view the raw input and filtered output 
simultaneously on the oscilloscope. Turn on the function generator and the 
oscilloscope. 


Step 2: Log in 


Use the network ID and password provided to log into the PC at your 
laboratory station. 


The Development Environment 


The evaluation board is controlled by the PC through the JTAG interface 
(XDS510PP) using the application Code Composer Studio. This 
development environment allows the user to download, run, and debug 
code assembled on the PC. Work through the steps below to familiarize 
yourself with the debugging environment and real-time system using the 
provided FIR filter code (Steps 3,4 and 5), then verify the filter's frequency 
response with the subsequent MATLAB exercises (Steps 6 and 7). 


Step 3: Assemble filter code 


Before you can execute and test the provided FIR filter code, you must 
assemble the source file. First, bring up a DOS prompt window and create a 
new directory to hold the files, then copy filter.asm, coefl.asm, coef2.asm, 
core.asm, and vectcore.asm into your directory. 


Next, make a copy of coef1.asm called "coef.asm" and assemble the 
filter code by typing asm filter at the DOS prompt. The assembling 
process first includes the FIR filter coefficients (stored in coef .asm) into 
the assembly file filter .asm, then compiles the result to produce an 
output file containing the executable binary code, filter .out. 


Step 4: Verify filter execution 


With your filter code assembled, double-click on the Code Composer icon 
to open the debugging environment. Before loading your code, you must 
reset the DSP board and initialize the processor mode status register 


(PMST). To reset the board, select the Reset option from the Debug 
menu in the Code Composer application. 


Once the board is reset, select the CPU Registers option from the 
View menu, then select CPU Register. This will open a sub-window at 
the bottom of the Code Composer application window that displays several 
of the DSP registers. Look for the PMST register; it must be set to the 
hexadecimal value FFEO to have the DSP evaluation board work correctly. 
If it is not set correctly, change the value of the PMST register by double- 
clicking on the value and making the appropriate change in the Edit 
Register window that comes up. 


Now, load your assembled filter file onto the DSP by selecting Load 
Program from the File menu. Finally, reset the DSP again, and execute 
the code by selecting Run from the Debug menu. 


The program you are running accepts input from input channel 1 and sends 
output waveforms to output channels 1 and 2 (the filtered signal and raw 
input, respectively). Note that the "raw input" on output channel 2 may 
differ from the actual input on input channel 1, because of distortions 
introduced in converting the analog input to a digital signal and then back to 
an analog signal. The A/D and D/A converters on the six-channel surround 
board operate at a sample rate of 44.1 kHz and have an anti-aliasing filter 
and an anti-imaging filter, respectively, that in the ideal case would 
eliminate frequency content above 22.05 kHz. The converters on the six- 
channel board are also AC coupled and cannot pass DC signals. On the 
basis of this information, what differences do you expect to see between the 
signals at input channel 1 and at output channel 2? 


Set the amplitude on the function generator to 1.0 V peak-to-peak and the 
pulse shape to sinusoidal. Observe the frequency response of the filter by 
sweeping the input signal through the relevant frequency range. What is the 
relevant frequency range for a DSP system with a sample rate of 44.1 kHz? 


Based on the frequency response you observe, characterize the filter in 
terms of its type (e.g., low-pass, high-pass, band-pass) and its -6 dB (half- 
amplitude) cutoff frequency (or frequencies). It may help to set the trigger 


on channel 2 of the oscilloscope since the signal on channel 1 may go to 
zero. 


Step 5: Re-assemble and re-run with new filter 


Once you have determined the type of filter the DSP is implementing, you 
are ready to repeat the process with a different filter by including different 
coefficients during the assembly process. The different coefficients are in 
the file coef2.asm. Make a copy of coef2.asm and call it coef.asm. 


You can now repeat the assembly and testing process with the new filter 
using the asm instruction at the DOS prompt and repeating the steps 
required to execute the code discussed in Step 4. 


Just as you did in Step 4, determine the type of filter you are running and 
the filter's -6 dB point by testing the system at various frequencies. 


Step 6: Check filter response in MATLAB 


In this step, you will use MATLAB to verify the frequency response of your 
filter by copying the coefficients from the DSP to MATLAB and displaying 
the magnitude of the frequency response using the MATLAB command 
freqz. 


The FIR filter coefficients included in the file coef . asm are stored in 
memory on the DSP starting at location (in hex) 0X1000, and each filter 
you have assembled and run has eight coefficients. To view the filter 
coefficients as signed integers, select the Memory option from the View 
menu to bring up aMemory Window Options box. In the appropriate 
fields, set the starting address to 0X1000 and the format to 16-Bit 
Signed Int. Click "OK" to open a memory window displaying the 
contents of the specified memory locations. The numbers along the left- 
hand side indicate the memory locations. 


In this example, the filter coefficients are placed in memory in decreasing 
order; that is, the last coefficient, h[7], is at location 0X1000 and the first 
coefficient, [0], is stored at 0X1007. 


Now that you can find the coefficients in memory, you are ready to use the 
MATLAB command fr eqZ to view the filter's response. You must create a 
vector in MATLAB with the filter coefficients to use the fr eqz command. 
For example, if we want to view the response of the three-tap filter with 
coefficients -10, 20, -10 we can use the following commands in MATLAB: 


o it=a e206 2105 
e plot(abs(freqz(h) ) ) 


Note that you will have to enter eight values, the contents of memory 
locations 0X1000 through 0x1007, into the coefficient vector, h. 


Does the MATLAB response compare with your experimental results? 
What might account for any differences? 


Step 7: Create new filter in MATLAB and verify 


MATLAB scripts will be made available to you to aid in code development. 
For example, one of these scripts allows you to save filter coefficients 
created in MATLAB in a form that can be included as part of the assembly 
process without having to type them in by hand (a very useful tool for long 
filters). These scripts may already be installed on your computer; otherwise, 
download the files from the links as they are introduced. 


First, have MATLAB generate a "random" eight-tap filter by typing h = 
gen_filt; ata MATLAB prompt. Then save this vector of filter 
coefficients by typing save_coef('coef.asm', flipud(h) );. 
Make sure you save the file in your own directory. (The scripts that perform 
these functions are available as gen _filt.m and save coef.m.) 


The MATLAB script will save the coefficients of the vector h into the 
named file, which in this case is coef .asm. Note that the coefficient 


vector is "flipped" prior to being saved; this is to make the coefficients in h 
fill DSP memory-locations 0X1000 through 0X1007 in reverse order, as 
before. 


You may now re-assemble and re-run your new filter code as you did in 
Step 5. 


Notice when you load your new filter that the contents of memory locations 
©xX1000 through 0X1007 update accordingly. 


Step 8: Modify filter coefficients in memory 


Not only can you view the contents of memory on the DSP using the 
debugger, you can change the contents at any memory location simply by 
double-clicking on the location and making the desired change in the pop- 
up window. 


Change the contents of memory locations 0X1000 through 0x1007 such 
that the coefficients implement a filter 
Equation: 


h(n] = 81926(n — 4) 


creating a scaled and delayed version of the input. Note that the DSP 
interprets the integer value of 8192 as a fractional number by dividing the 
integer by 32,768 (the largest integer possible in a 16-bit two's complement 
register). The result is an output that is delayed by four samples and scaled 
by a factor of 1/4. More information on the DSP's interpretation of 
numbers appears in ‘Two's Complement and Fractional Arithmetic for 16-bit 
Processors. 


After you have made the changes to all eight coefficients, run your new 
filter and use the oscilloscope to measure the delay between the raw (input) 
and filtered (delayed) waveforms. 


What happens to the output if you change either the scaling factor or the 
delay value? How many seconds long is a six-sample delay? 


Step 9: Test-vector simulation 


As a final exercise, you will find the output of the DSP for an input 
specified by a test vector. Then you will compare that output with the 
output of a MATLAB simulation of the same filter processing the same 
input; if the DSP implementation is correct, the two outputs should be 
almost identical. To do this, you will generate a waveform in MATLAB and 
save it as a test vector. You will then run your DSP filter using the test 
vector as input and import the results back into MATLAB for comparison 
with a MATLAB simulation of the filter. 


The first step in using test vectors is to generate an appropriate input signal. 
One way to do this is to use the MATLAB function Sweep (available as 
sweep.m) to generate a sinusoid that sweeps across a range of frequencies. 
The MATLAB function save_test_vector (available as 
save_test_vector.m can then save the sinusoidal sweep to a file you will 
later include in the DSP code. 


Generate a sinusoidal sweep and save it to a DSP test-vector file using the 
following MATLAB commands: 


>> t=sweep(0.1*pi,0.9*pi,0.25, 500); 
% Generate a frequency sweep 

>> save_test_vector('testvect.asm',t); 
% Save the test vector 


Next, use the MATLAB Conv command to generate a simulated response 
by filtering the sweep with the filter h you generated using gen_filt 
above. Note that this operation will yield a vector of length 507 (which is 


nm +m — 1, where n is the length of the filter and m is the length of the 
input). You should keep only the first 500 elements of the resulting vector. 


>> out=conv(h,t) 
% Filter t with FIR filter h 
>> out=out(1:500) 
% Keep first 500 elements of out 


Now, modify the file filter .asm to use the alternative "test vector" core 
file, vectcore.asm. Rather than accepting input from the A/D converters and 
sending output to the D/A, this core file takes its input from, and saves its 
output to, memory on the DSP. The test vector is stored in a block of 
memory on the DSP evaluation board that will not interfere with your 
program code or data. 


Note:The test vector is stored in the .etext section. See Core File: 
Introduction to Six-Channel Board for TI EVM320C54 for more 
information on the DSP memory sections, including a memory map. 


The memory block that holds the test vector is large enough to hold a vector 
up to 4,000 elements long. The test vector stores data for both channels of 
input and from all six channels of output. 


To run your program with test vectors, you will need to modify 
filter.asm. The assembly source is simply a text file and can be edited 
using the editor of your preference, including WordPad, Emacs, and VI. 
Replace the first line of the file with two lines. Instead of: 


. COpy "core.asm" 


use: 


. COpy "testvect.asm" 
. COpy "vectcore.asm" 


Note that, as usual, the whitespace in front of the . copy directive is 
required. 


These changes will copy in the test vector you created and use the 
alternative core file. After modifying your code, assemble it, then load and 
run the file using Code Composer as before. After a few seconds, halt the 
DSP (using the Halt command under the Debug menu) and verify that the 
DSP has halted at a branch statement that branches to itself. In the 
disassembly window, the following line should be highlighted: 

OOOO; G1iF F073 B 614i nN. 


Next, save the test output file and load it back into MATLAB. This can be 
done by first saving 3,000 memory elements (six channels times 500 
samples) starting with location 0X8000 in program memory. Do this by 
choosing File->Data->Save. .. in Code Composer Studio, then 
entering the filename output .dat and pressing Enter. Next, enter 
©x8000 in the Address field of the dialog box that pops up, 3000 in the 
Length field, and choose Program from the drop-down menu next to 
Page. Always make sure that you use the correct length (six times the 
length of the test vector) when you save your results. 


Last, use the read_vector (available as read_vector.m) function to read 
the saved result into MATLAB. Do this using the following MATLAB 
command: 


>> [ch1, ch2] = 
read_vector('output.dat'); 


Now, the MATLAB vector ch1 corresponds to the filtered version of the 
test signal you generated. The MATLAB vector Ch2 should be nearly 
identical to the test vector you generated, as it was passed from the DSP 
system's input to its output unchanged. 


Note:Because of quantization error introduced in saving the test vector for 
the 16-bit memory of the DSP, the vector ch2 will not be identical to the 
MATLAB generated test vector. 


After loading the output of the filter into MATLAB, compare the expected 
output (calculated as Out above) and the output of the filter (in ch1 from 
above). This can be done graphically by simply plotting the two curves on 
the same axes; for example: 


>> plot(out,'r'); % Plot the expected 
Curve in red 

>> hold on % Plot the next plot 
on top of this one 

>> plot(chi,'g'); % Plot the expected 
Curve in green 

>> hold off 


You should also ensure that the difference between the two outputs is near 
zero. This can be done by plotting the difference between the two vectors: 


>> plot(out-ch1); % Plot error signal 


You will observe that the two sequences are not exactly the same; this is 
due to the fact that the DSP computes its response to 16 bits precision, 
while MATLAB uses 64-bit floating point numbers for its arithmetic. 


Note that to compare two vectors in this way, the two vectors must be 
exactly the same length, which is ensured after using the MATLAB 
command out=out(1:500) above. 


FIR Filtering: Basic Assembly Exercise for TI TMS320C54x 


Assembly Exercise 


Analyze the following lines of code. Refer to Two's Complement and 
Fractional Arithmetic for 16-bit Processors, Addressing Modes for TI 
TMS320C54x, and the Mnemonic Instruction Set manual for help. 


1 FIR_len .set 3 

2 

3; Assume: 

4 3 BK = FIR_len 

5 + ARO =1 

6 ; AR2 = 1000h 

7 +; AR3 = 1004h 

8; 

9 ; FRCT = 1 

10 

11 stl A, *AR3+% 

12 rptz A, (FIR_len-1) 
13 mac *AR2+0%, *AR3+0%, A 


W W 


Anything following a";" is considered a comment. In this case, the 
comments indicate the contents of the auxiliary registers, the BK register, 
and the address registers before the execution of the first instruction, st 1. 
The line FIR_Len .set 3 defines the name FIR_len as equal to 3. The 
BK register contains the length of the circular buffer we want to use. The % 
modifies the increment operator + so that it behaves as a circular buffer. 
This means that the address registers will be incremented until the 
(memory-address mod value-in-BK) = 0. When the increment operator + is 
followed by a 0, it increments by the value specified in register ARO. 


Note that any number followed by an "h" or preceded with a Ox represents 
a hexadecimal value. 


Example: 
1000h and 0x1000 both refer to the decimal number 4096. 


Assume that the data memory is initialized as follows starting at location 
1000h. 


1000h 


1004h 


Data 


Memory 
Assignment 
(before 
execution) 


After familiarizing yourself with the stl, rptz, and mac instructions, step 
through each line of code and record the values of the accumulator A and 
auxiliary registers AR2 and AR3 in the spaces provided in [Link]. 
Additionally, record the value of the memory contents after all three 


instructions have been "executed" in the blank data memory table provided 
in [Link]. 


A AR2 AR3 


00 0000 8000h 1000h 1004h at start of code 


after 

stl 
instruction 
after 

rptz 
instruction 
after first 
mac 
instruction 
after second 
mac 


instruction 


A AR2 AR3 
after third 
mac 


instruction 


Execution Results 


When working through the exercise, take into account that the accumulator 
A is a 40-bit register, and that the multiplier is in the fractional arithmetic 
mode. In this mode, integers on the DSP are interpreted as fractions, and 
the multiplier will treat them accordingly. This is done by shifting the result 
of the integer multiplier in the ALU left one bit. (All the arithmetic is 
fractional in these examples.) Multiplies performed by the ALU (via the 
mac instruction) produce a result that is twice what you would expect if 
you just multiplied the two integers together. DSP numerical representation 
and arithmetic are described further in Two's Complement and Fractional 
Arithmetic for 16-bit Processors. 


1000h 


1004h 


Data 


Memory 
Assignment 


(after 
execution) 


FIR Filtering: Exercise for TI TMS320C54x 


Introduction 


In this exercise, you will program in the DSP's assembly language to create 
FIR filters. Begin by studying the assembly code for the basic FIR filter 


filter.asm. 
Ffilter.asm 


1 .copy "core.asm" ; Copy in 

2 ' 
initializes DSP and jumps to "main" 

S 

4 FIR_len .set 8 ; 
tap filter. 

5 

6 .sect ".data" ; 
following as data declarations 

7 

8 .align 16 ; 
multiple of 16 

9 coef 
assign label "coeff" 

10 .copy "coef.asm" : 
coefficients 

11 

a2 .align 16 

13 firstate 

14 .space 16*8 : 
words of storage for 

15 ; 

16 

17 .sect ".text" : 
following as program code 

18 main 

19 ; Initialize various pointers 

20 stm #FIR_len, BK 
Circular buffer length 

21 stm #coef, AR2 : 
coefficient pointer 

22 stm #firstate, AR3 ; 
state pointer 

23 stm #1, ARO 7 


ARO for pointer increment 


core file 
This 


This is an 8- 


Flag 


Align to a 
; 


Copy in 


Allocate 8 
filter state. 


Flag the 


initialize 
initialize 
initialize 


initialize 


24 


25 loop 

26 ; Wait for a new block of 64 samples to come 
in 

27 WAITDATA 

28 

29 ; BlockLen = the number of samples that come 
from WAITDATA (64) 

30 stm #BlockLen-1, BRC * Put 
repeat count into repeat counter 

31 rptb endblock-1 ; 
Repeat between here and '‘endblock' 

32 

33 ld *AR6,16, A ; 
Receive chi into A accumulator 

34 mar *+AR6(2) ; Rev 
data is in every other channel 

35 ld *AR6,16, B ; 
Receive ch2 into B accumulator 

36 mar *+AR6(2) ; Rev 
data is in every other channel 

37 

38 ld A,B : 
Transfer A into B for safekeeping 

39 

40 ; The following code executes a single FIR 
filter. 

41 

42 sth A, *AR3+% ; store 
Current input into state buffer 

43 rptz A, (FIR_len-1) ; clear 
A and repeat 

44 mac *AR2+0%, *AR3+0%,A =; 
multiply coef. by state & accumulate 

45 

46 rnd A ; Round 
off value in 'A' to 16 bits 

47 

48 ; end of FIR filter code. Output is in the 
high part of 'A.' 

49 

50 sth A, *AR7+ , Store 
filter output (from A) into chi 

51 sth B, *AR7+ , Store 
saved input (from B) into ch2 

52 

53 sth B, *AR7+ , Store 


saved input to ch3...ch6 also 


54 sth B, *AR7+ ; ch4 


55 sth B, *AR7+ , ens 
56 sth B, *AR7+ ; hs 
57 

58 endblock: 

59 b loop 


filter.asm applies an FIR filter to the signal from input channel 1 and 
sends the resulting output to output channel 1. It also sends the original 
signal to output channel 2. 


First, create a work directory on your network drive for the files in this 
exercise, and copy filter.asm and core.asm into it. Then use MATLAB to 
generate two 20-tap FIR filters. The first filter should pass signals from 4 
kHz to 8 kHz; the second filter should pass from 8 kHz to 12 kHz. For both 
filters, allow a 1 kHz transition band on each edge of the filter passband. To 
create these filters, first convert these band edges to digital frequencies 
based on the 44.1 kHz sample rate of the system, then use the MATLAB 
command remeZ to generate this filter; you can type help remez for 
more information. Use the Save_coef command to save each of these 
filters into different files. (Make sure you reverse the vectors of filter 
coefficients before you save them.) Also save your filters as a MATLAB 
matrix, since you will need them later to generate test vectors. This can be 
done using the MATLAB Save command. Once this is done, use the 
freqz command to plot the frequency response of each filter. 


Part 1: Single-Channel FIR Filter 


For now, you will implement only the filter with a 4 kHz to 8 kHz 
passband. Edit filter .asm to use the coefficients for this filter by 
making several changes. 


First, the length of the FIR filter for this exercise is 20, not 8. Therefore, 
you need to change FIR_len to 20. FIR_1en is set using the . set 
directive, which assigns a number to a symbolic name. You will need to 
change thisto FIR_len .set 20. 


Second, you will need to ensure that the . copy directive brings in the 
correct coefficients. Change the filename to point to the file that contains 
the coefficients for your first filter. 


Third, you will need to modify the .align and . Space directives 
appropriately. The TI TMS320C54x DSP requires that circular buffers, 
which are used for the FIR filter coefficient and state buffers, be aligned so 
that they begin at an address that is a multiple of a power of two greater 
than the length of the buffer. Since you are using a 20-tap filter (which uses 
20-element state and coefficient buffers), the next greater power of two is 
32. Therefore, you will need to align both the state and coefficient buffers 
to an address that is a multiple of 32. (16-element buffers would also 
require alignment to a multiple of 32.) This is done with the .align 
command. In addition, memory must be reserved for the state buffer. This is 
done using the . Space directive, which takes as its input the number of 
bits of space to allocate. Therefore, to allocate 20 words of storage, use the 
directive .Space 16%*20 as shown below: 


1 .align 32 % Align to 
a multiple of 32 

2 coef .copy "filteril.asm" % Copy FIR 
filter coefficients 


3 

4 .align 32 % Align to 
a multiple of 32 

5 state .space 16*20 % Allocate 


20 words of data space 


Assemble your code, set PMST to OXFFE®O, reset the DSP, and run. Ensure 
that it is has the correct frequency response. After you have verified that 
this code works properly, proceed to the next step. 


Part 2: Dual-Channel FIR Filters 


First, make a copy of your modified filter .asm file from Part 1. Work 
from this copy; do not modify your working filter from the previous part. 
You will use that code again later. 


Next, modify your code so that in addition to sending the output of your 
first filter (with a 4 kHz to 8 kHz passband) to output channel 1 and the 
unfiltered input to output channel 2, it sends the output of your second filter 
(with a 8 kHz to 12 kHz passband) to output channel 3. To do this, you will 
need to use the .align and .copy directives to load the second set of 
coefficients into data memory. You will also need to add instructions to 
initialize a pointer to the second set of coefficients and to perform the 
calculations for the second filter. 

Exercise: 


Problem: 
Challenge Problem 


Can you implement the dual-channel system without using the 
auxiliary registers AR4 and AR5? Why is this more difficult? 
Renaming AR4 and AR5 using the . asg directive does not count! 


Using the techniques introduced in DSP Development Environment: 
Introductory Exercise for TI TMS320C54x, generate an appropriate test 
vector and expected outputs in MATLAB. Then, using the test-vector core 
file also introduced in DSP Development Environment: Introductory 
Exercise for Tl TMS320C54x, find the system's output given this test 
vector. In MATLAB, plot the expected and actual outputs of the both filters 
and the difference between the expected and actual outputs. Why is the 
output from the DSP system not exactly the same as the output from 
MATLAB? 


Part 3: Alternative Single-Channel FIR Implementation 


An alternative method of implementing symmetric FIR filters uses the 
firs instruction. Modify your code from Part 1 to implement the filter 
with a 4 kHz to 8 kHz passband using the firs. 


Two differences in implementation between your code from Part 1 and the 
code you will write for this part are that (1) the firs instruction expects 
coefficients to be located in program memory instead of data memory, and 
(2) firs requires the states to be broken up into two separate circular 
buffers. Refer to the firs instruction on page 4-59 in the Mnemonic 
Instruction Set manual, as well as a description and example of its use on 
pages 4-5 through 4-8 of the Applications Guide for more information 
(Volumes 2 and 4 respectively of the TMS320C54x DSP Reference Set). 


ARO needs to be set to -1 for this code to work properly. Why? 


Note:COEFF is a label to the coefficients now expected to be in program 
memory. Refer to the firs description for more information). 


1 mvdd *AR2, *AR3+0% ; 
write x(-N/2) over x(-N) 

2 sth A, *AR2 : 
write x(0) over x(-N/2) 

3 add *AR2+0%, *AR3+0%, A : 


add x(0) and x(-(N-1)) 
4 


(prepare for first multiply) 


5 

6 FpLz B,#(FIR_lLen/2-1) 

7 firs *AR2+0%, *AR3+0%, COEFF 

8 mar 2222222 
Fill in these two instructions 

9 mar 2222222 - 


They modify AR2 and AR3. 
10 


11. 1 
note that the result is now in the 

12 ; 
B accumulator 


Because states and coefficients are now treated differently than in your 
previous FIR implementation, you will need to modify the pointer 
initializations to 


1 stm #(FIR_Len/2),BK ; 
initialize circular buffer length 

2 stm #firstate_,AR2 : 
initialize location containing first 

3 i 
half of states 

4 

5 stm #-1, ARO : 
Initialize ARO to -1 

6 

7 stm #firstate2_,AR3 


initialize location containing last half 


Use the test-vector core file to find the output of this system given the same 
test vector you used to test the two-filter system. Compare the output of this 
code against the output of the same filter implemented using the mac 
instruction. Are the results the same? Why or why not? Ensure that the 
filtered output is sent to output channel 1, and that the unmodified output is 
still sent to output channel 2. 


Lab 2: Theory 
A sample-rate compressor removes (D-1) of every D input samples. A 
sample-rate expander inserts (U-1) zeros after every input sample. 


Introduction 


In the exercises that follow, you will explore some of the effects of 
multirate processing using the system in [link]. The sample-rate 
compressor (| (D)) in the block-diagram removes D — 1 of every D 
input samples, while the sample-rate expander (7 (U)) inserts U — 1 
zeros after every input sample. With the compression and expansion factors 
set to the same value (_D = U), filters FIR 1 and FIR 3 operate at the 
sample rate F’,, while filter FIR 2 operates at the lower rate of =. 


In 
a —e{nni} (Jo) —~[nea}-~(fu) st 


Net multirate system 


Later, you will implement the system and control the compression and 
expansion factors at runtime with an interface provided for you. You will be 
able to disable any or all of the filters to investigate multirate effects. What 
purpose do FIR 1 and FIR 3 serve, and what would happen in their 
absence? 


Lab 2: Prelab (part 1) 
You will work through an example problem that explores the effects of 
sample-rate compression and expansion on the spectrum of a signal. 


Multirate Theory Exercise 


Consider a sampled signal with the DTFT X(w) shown in [link]. 


~~ — = a w 
DTFT of the input signal. 


Assuming U = D = 3, use the relations between the DTFT of a signal 
before and after sample-rate compression and expansion ({link] and [link]) 
to sketch the DTFT response of the signal as it passes through the multirate 
system of [link] (without any filtering). Include both the intermediate 
response W(w) and the final response Y (w). It is important to be aware 
that the translation from digital frequency w to analog frequency depends 
on the sampling rate. Therefore, the conversion is different for X(w) and 
W(w). 

Equation: 


Equation: 


Multirate System 


Multirate Filtering: Filter-Design Exercise in MATLAB 


Filter-Design Exercise 


Using the zero-placement method, design the FIR filters for the multirate 
system in Multirate Filtering: Introduction. Recall that the z-transform of a 
length- N FIR filter is a polynomial in z~1, and that this polynomial can be 
factored into N — 1 roots. 

Equation: 


H(z) = ho thy tt+hoz?4+--: 


= (z,- 2") (~—2") (23-27")--- 


Use this relation to design a low-pass filter (for the anti-aliasing and anti- 
imaging filters of the multirate system) by placing twelve complex zeros on 
oe 30 1 oT 30 (G3 . 
the unit circle at + (=), +(F), + (+), +(=), + (=), and +(7r). This 
filter that you have just designed will serve for both FIR 1 and FIR 3. For 
filter FIR 2 (operating at the decimated rate), use four equally-spaced zeros 


on the unit circle located at + (4) and + (22). Be sure to adjust the 


resulting filter coefficients to ensure that the gain does not exceed one at 
any frequency. 


Design your filters by writing a MATLAB script to compute the filter 
coefficients from the given zero locations. The MATLAB function poly is 
very useful for this; type help poly in MATLAB for details. 


Once you have determined the coefficients of the filters, use MATLAB 
function freqZ to plot the frequency responses. You will find that the 
frequency response of these filters has a large gain. Adjust the resulting 
filter coefficients to ensure that the largest frequency gain is less than or 
equal to one by dividing the coefficients by an appropriate value. Do the 
frequency responses match your expectations based on the locations of the 
zeros in the z-plane? 


Multirate Filtering: Implementation on TI TMS320C54x 


Implementation 


Before implementing the entire system shown in Multirate Processing: 
Introduction, we recommend you design a system that consists of a cascade 
of filters FIR 1 and FIR 2 without the sample-rate compressor or expander. 
After verifying that the response of your two-filter system is correct, 
proceed to implement the complete multirate system and verify its total 
response. At first, use fixed compression and expansion factors of 

D =U = 4. Later, you control this factor using a MATLAB interface; be 
sure to keep this in mind as you write your code. 


Compressed-rate processing 


In order to perform the processing at the lower sample rate, implement a 
counter in your code. Your counter will determine when the compressed- 
rate processing is to occur, and it can also be used to determine when to 
insert zeros into FIR 3 to implement the sample-rate expander. 


Some instructions that may be useful for implementing your multirate 
structure are the addm (add to memory) and bc (branch conditional) 
instructions. You may also find the banz (branch on auxiliary register not 
zero) and the b (branch) instruction useful. 


Real-time rate change and MATLAB interface 


A simple graphical user interface (GUI) is available (as mrategui.m, which 
requires ser_snd.m) that sends a number between 1 and 10 to the DSP via 
the serial port. This can be used to change the compression and expansion 
factor in real time. 


Run the GUI by typing mrategui at the MATLAB prompt. A figure 
should automatically open up with a slider on it; adjusting the slider 


changes the compression and expansion factor sent to the DSP. 


The assembly code that you have been given stores the last number that the 
DSP has received from the computer in the memory location labeled hold. 
Therefore, unless you have changed the serial portion of the given code, 
you can find the last compression and expansion factor set by the GUI in 
this location. You need to modify your code so that each time a new number 
is received on the serial port, the compression and expansion factor is 
changed. If a "1" is received on the serial port, the entire system should run 
at the full rate; if a'"10" is received, the system should discard nine samples 
between each sample processed at the lower rate. 


Note that the READSER and WRITSER macros, which are used to read data 
from and send data to the serial port, overwrite ARO, AR1, AR2, and AR3 
registers, as well as BK and the condition flag TC. You must therefore 
ensure that these registers are not used by your code, or that you save and 
restore their values in memory before you call the READSER and WRITSER 
macros. This can be done using the mvdm and mvmd instructions. The serial 
macros set up the AR1 and AR3 each time they are called, so there is no 
need to change these registers before the macros are called. 


More detail about the READSER and WRITSER macros can be found in 
Core File: Serial Port Communication Between MATLAB and TI 
TMS320C54x. 
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Lab 0: Hardware Introduction 

This exercise introduces the hardware and software used in the course. By 
the end of this module, you should be comfortable with the basics of testing 
a simple real-time DSP system with Code Composer Studio, the debugging 
environment we will be using throughout the semester. First you will 
connect the laboratory equipment and test a real-time DSP system with 
provided code to implement an eight-tap (eight coefficient) finite impulse 
response (FIR) filter. With a working system available, you will then begin 
to explore the debugging software used for downloading, modifying, and 
testing your code. Finally, you will create a filter in MATLAB and use test 
vectors to verify the DSP's output. 
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>> t=sweep(0.1*pi,0.9*pi,0.25, 500) ; 


% Generate a frequency sweep 
>> save_test_vector('testvect.asm',t); 
% Save the test vector 
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>> out=conv(h,t) 
% Filter t with FIR filter h 
>> out=out(1:500) 
% Keep first 500 elements of out 
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. COpy "testvect.asm" 

. COpy "vectcore.asm" 
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>> [chi, ch2] = 
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>> plot(out,'r'); % Plot the expected 
Curve in red 

>> hold on % Plot the next plot 
on top of this one 

>> plot(chi,'g'); % Plot the expected 
Curve in green 

>> hold off 
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>> plot(out-ch1); % Plot error signal 
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1 FIR_len .set 3 

2 

3 ; Assume: 

4; BK = 3 

5 + ARO = 1 

6 ; AR2 = 1000h 

7 +;  AR3 = 1004h 

8; 

9 ; FRCT = 1 

10 

11 stl A, *AR3+% 

12 rptz A, (FIR_len-1) 
13 mac *AR2+0%, *AR3+0%, A 
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TEEWAZECTHT OA YAU RAY bRBFIOMIU04 BOKLY 
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A 


00 0000 8000h 


AR2 


1000h 


AR3 


1004h 


at start of code 


after 

stl 
instruction 
after 

rptz 
instruction 
after first 
mac 
instruction 
after second 
mac 
instruction 
after third 
mac 


instruction 
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FIR Filtering: Exercise for TI TMS320C54x (Japanese Version) 


Introduction 


CORE C > FIRZ 4 8 PERT Se OICDSPO 7 & YT) BaeC 
FOYIL LES co SPA AFIRI4 LIOR OOP HRY TFVIVA— 
Fees SCE PSM TRAV © filterasm. 

filter.asm 


1 .copy "core.asm" ; Copy in core file 

2 ; This 
initializes DSP and jumps to "main" 

S 

4 FIR_len .set 8 ; This is an 8- 
tap filter. 

5 

6 .sect ".data" ; Flag 
following as data declarations 

7 

8 .align 16 ; Align toa 
multiple of 16 

9 coef : 
assign label "coeff" 

10 .copy "coef.asm" ; Copy in 
coefficients 

11 

a2 .align 16 

13 firstate 

14 .Space 16*8 ; Allocate 8 
words of storage for 

15 ; filter state. 

16 

17 .sect ",text" ; Flag the 
following as program code 

18 main 

19 ; Initialize various pointers 

20 stm #FIR_len, BK ; initialize 
Circular buffer length 

21 stm #coef, AR2 ; initialize 
coefficient pointer 

22 stm #firstate, AR3 ; initialize 
state pointer 

23 stm #1, ARO ; initialize 


ARO for pointer increment 


24 


25 loop 

26 ; Wait for a new block of 64 samples to come 
in 

27 WAITDATA 

28 

29 ; BlockLen = the number of samples that come 
from WAITDATA (64) 

30 stm #BlockLen-1, BRC * Put 
repeat count into repeat counter 

31 rptb endblock-1 ; 
Repeat between here and '‘endblock' 

32 

33 ld *AR6,16, A ; 
Receive chi into A accumulator 

34 mar *+AR6(2) ; Rev 
data is in every other channel 

35 ld *AR6,16, B ; 
Receive ch2 into B accumulator 

36 mar *+AR6(2) ; Rev 
data is in every other channel 

37 

38 ld A,B : 
Transfer A into B for safekeeping 

39 

40 ; The following code executes a single FIR 
filter. 

41 

42 sth A, *AR3+% ; store 
Current input into state buffer 

43 rptz A, (FIR_len-1) ; clear 
A and repeat 

44 mac *AR2+0%, *AR3+0%,A =; 
multiply coef. by state & accumulate 

45 

46 rnd A ; Round 
off value in 'A' to 16 bits 

47 

48 ; end of FIR filter code. Output is in the 
high part of 'A.' 

49 

50 sth A, *AR7+ , Store 
filter output (from A) into chi 

51 sth B, *AR7+ , Store 
saved input (from B) into ch2 

52 

53 sth B, *AR7+ , Store 


saved input to ch3...ch6 also 


54 sth B, *AR7+ ; ch4 


55 sth B, *AR7+ , ens 
56 sth B, *AR7+ ; €h6 
57 

58 endblock: 

59 b loop 
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FYRAIZ TAG OMO we BL KID > TO DANSKRERM TS 
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IPA IWAARFES 4 72 Dl2 » save _ coefI Vy Fe(FAHUT< EX 
Vo (RES SHTIC 7 1 LA RBOND bIL eI TS TEETER 
TK HKD o)BI YF Ah KAP LEEMTSEWMIE TAN 
Di PrBiz tt ZOC.+MATLABVY EUV y7RELTIANMS ERFEEL 
TK FEKWe THILXMATLABOSavel VY Fe ffo TH 5 TEBE 
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DoT >FIR_len*®#20IC BHT SHER HO EF © FIR_lenisx > HM 
Sees BICHRETS. setewofgmReePAtoa¢eu bh CHo ch 
*#FIR_len .set 20K BHEUT Fk» 
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iKi< > ,alignt .spaceOssmR + IMI (BIEL EF © TI 
TMS320C54x DSPli s 7S y 7 7-ORX EN2HPALECHSTF 
LACHES EDIC\FIRIA4 LIMB EORTF—bNY TIPO 
7: DINE A NS RRI GON 7 7 AT ST LE DBEULE 
to CO CKWBAPSEEARZTF—bwBEOEB 77K Ki 
FAS 4)20-2 vy F 74 WF eEAL TOS OTC > ROBE I32CF © 
LEM T  \32FOPF FU AI AZFT—-h BEVERY 7? eI 
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N—-2DEy PREAH) THEO ET eo LEM DT > 20H 
ae O act e BIO TI Se wWITIE~ A ROKDI. space 16*20% 
WOTRRERAU TK Rk: 


al .align 32 % Align to 
a multiple of 32 

2 coef .copy "filteril.asm" % Copy FIR 
filter coefficients 


3 

4 .align 32 % Align to 
a multiple of 32 

5 state .space 16*20 % Allocate 


20 words of data space 


I—- &4 AEC T + OXFFEOICPMST# & y KU TDSPH VU ey b 
L>BTUTS FRR ° ZHAIEM % AIRE CH SF ERLU 
CK RK co TOI—PFPABMICH< CE eMRUL EE. KOR 

Fy TA itIHoaTK KFXRXW 


IN—b 2: 2BF VY AINFIRI’A WA 


myc »75—bh 1 PSBEROFilter.asm7 74 WOIK—*# 
VEo TS KRW 0 FPS b PS OPEMPHOT 4 Le EIBIEU CHES 
TEODCLE<S > COALP—PHTPRLTK FAW COI—F i 
(RIL EAA X HES 


IRIZFOI—-F eBIEL, FeV ANIMAS SEM O(4kKHzY S 

8kHz© iH & EAL )RMO TALE OMABKEV, Fry ANE 
HAF SZEODIANREKEHRTHOPAAeKSTENMAT . Th 
BI vYAIMLZEMAS S&H O(BkHz® 5 12kHzM iw & i A 7)2 
EDI 4 UVRPOHA IRS 9 THaEFIE DIY F-HR+ REVE 
RNOB2IDe y beU—F FHSEYO.aligneé .copy* FHT S 
PBR HOES eo Ke MOR y bAOKRA Y 2—-*e OM 
LS B27I1( UF OR OIHRE ST STREMA SVERHOVEF 


Exercise: 


Problem: 


7 


HUD AZAR CH SARAKE EVAR EAR TIC FAP W 
FVPWYRAZFLRRAFTFATEMBCE ETM THABEVOA 
BEA Olaf CL kD Re .asge EAL TAR4E ARS EMSS 
ATFVEIL » IEF CEH OD EA! 


DSP Development Environment: Introductory Exercise for TI 
TMS320C54x CAA? & He C13 H HUH & HoT HH eT Ab NY 
h LE PRS 1 SMATLABO HH) @ EARL & EWA ° FOR > DSP 
Development Environment: Introductory Exercise for Tl TMS320C54x C 
BGPXRNTOAFARNARNLAPITPAWeEAL TY. COFZ 
b= AS kVE LDS Z onmSey 27 LOA HOU as 
MATLAB + 7#EXHATALFOHDE RROD ANWFOHDY 


RMUEZOD2ZOIOHNAMOIMR EMU ZKWDW° EDSPY ZAFAM 
5OWAI »MATLABS? SOHN SRILA U Cl EAOCU & 
4 mp 0 


W—bh 3: RBY VY ANWF + Y RNEIROBG 


WK AFIRI 42 & RTT SBORBAE CI > first 25 fam 
wetRAL Eo ¢ first (PASS > 4kHz 5 8kHzO iwi & RAK 
FANMSRRGTSBIC Nb LP EOI—FaBELEKW 


N—h 1 P5EOI—KE.ZON—} CBS I— FF HORE BY 
S20 O#B ls > A)first 9 fERA ARB F—2% > REVORD 
HIAFUFILA>- SEVAKMBANRZOePHMTS4zceL» 
(2)first + ZOAZF—b BIDOFRMMO PP y 7 7—-AGPHEIX A 
ZOeRERTS TECH co 459N—VIic sR X WT LS Mnemonic 
Instruction Stk WIV LAP IULAOFirsOPReESSILL EK 
& 7% » FEAH(Volumes 2 and 4 & TMS320C54x DSP Reference Set)i= v3 
C (kApplications Guide 4-5 “— YY 24 4-8X—VIL HS > EOEA 
JED SRE e HEB ReWe 


AROIk ss CO I—F WWROICRART SEMI > -1k ey hKHSW 
BAS aD Eto ACL EDP? 


Note: COEFF tg, SAFUFIA+> KEVICHSE PH XHATRAAO 
IRC o HM ltfirsii Es 4 zhks SRLEXWo 


1 mvdd *AR2, *AR3+0% ; 
write x(-N/2) over x(-N) 
2 sth A, *AR2 : 


write x(0) over x(-N/2) 


3 add *AR2+0%, *AR3+0%, A : 
add x(0@) and x(-(N-1)) 


(prepare for first multiply) 


5 

6 rptz B,#(FIR_lLen/2-1) 

7 firs *AR2+0%, *AR3+0%, COEFF 

8 mar 2222222 ; 
Fill in these two instructions 

9 mar 2222222 F 
They modify AR2 and AR3. 

10 

11 ; 
note that the result is now in the 

12 ; 


B accumulator 


AF—b ETB + BREA CBT O FIRST ORF EZR ODERUV 
CHZEM. FHOEDICRA VY F-OMMILEBETSVEDS 
NEF ° 


1 stm #(FIR_Len/2),BK ‘ 
initialize circular buffer length 

2 stm #firstate_,AR2 ; 
initialize location containing first 

3 i 
half of states 

4 

5 stm #-1, ARO : 
Initialize ARO to -1 

6 

7 stm #firstate2_,AR3 : 


initialize location containing last half 


2ZIDIANAYAFARFAbKTAZROKPALEOLAUTA 
BR NRARMIZCEDGROGNRZTOYAFLOWAeEADUGZED 
I> FAKNALNWIAPIPAN SHAT REWe TOIA—FOW 
Ae mack Weofene eA CRTKHeERMU IAL SOHAL 
ELE L tue XL o AERIS COP? SOPRA CL EDD? 

DAMBXREHAD FY VANMLEHATZ EMIS HSS 
LS RBRPOWADS. ERF VV ANMIEMHATSZEDITHEGHSZ 


Le WERRL & KV © 


Lab 2: Theory 
FUOYHYSUMEDOD Foye YP AESDtY APLICDED-1(O 
FF eASE SOU —+b eT So Py PHY TU KUO 
PyPPVYPDILS PV SUEF— 2 BIC U-1f4O & Ofer — 4 & 
HAL + fe SOU—b FBI SIREAL TOS eo CHS HE 
BAe ED RIB REY 27 LORE ERA AS MLEO 
AAR SRI ELT SCE RBRBE UL TIIG So POY GY TS 
EP YP HYD Fld MAM ee MSE CS HS Os EH ICROBREAL 
TVWAA o 


Introduction 


LVR Oye 2 Clk » [link] AF multirate processing( VJ’ + LV — b ML 
BOS RSICMLCUEOLI EHEC AAEM eSRITS eo FLO 
sample-rate compressor(” 7 ¥ 4%’ 77)(| (D)lk > POV GV TID 
LAF SHRSEGYSPNIEDSS DIV AWIDE D-1LIHVTFLO 
ty DIE & FAIS | < WUER* 77D ° —7F ~ sample-rate expander(7 
FOYT I)\(T U))k > BHT SAT Gy PRN U -1l tb 7 
LOC ULLOF—2 CHAU > (fF SOU—b Hey 5 WEES {FT 
4 oflinkX BWC. FOV EVY APU BEP y PHY TWEED UE 
(D=U)CHZEMETSL, 74 WU FFIRIE 74 UF FIRB TAU 
tuPILU—b FOCHEL 74 US FIRED (ROH YY PILL — 
h BCHIET S ° 


In 
sin] —e[an}-~(fo) [ez }- (fu) ot 


fFRaevLFtyp—hY A2ZF LORRY 


(Suto BER - A Cid s [link] RU EY AZT Ae BLY TOY 
RFIFLOBARII POV EYAPUBE Py PHEVTLEb Ss BILL 


TC. € OBERT So SITHIC CHS OPEBETSZEOOA 
YVEIPEZ—AZALEVC FF ChBAvLEY Leet Se FEO V 
LF VU — b MBAS ESI AA OR IR TS DIC > FIRID 5 
FIR3E COZHFHOI 4A WS BIC BLO BRIT 4 ORR A 
NHTELBARECHS © FIRIE FIRBVIX * COED RKAMWERELT 
WAZOR? FE. CHEOI4A WS MBEL FOG ld DHE 
BOT DIN? 


Lab 2: Prelab (part 1) 

Cc Oye Ree eI Ty DV GYTNBLOT y SP 
SERIEDES OANA KNW LUDO ES EHBBESASY 
fer 4Z2EMCEETF o 


VULFU— b Be OS 


AMES EU T > [link CRT AND bOI X(w) REBT SG YAW 
fEfES eS RED eo KRU» X(w) lk > ADRS ODTFT (discrete 
time Fourier transform)C 4/4 && LET ° 


X(w) 


Ts 5 Ts 1 a 73 


COPE CET 6 ATES DOAN bE 


U=D=3E WEL » [link] (FEAR 7 4 Le EL JOV IF 
L—hYAF 4S & iL & SEO ES ODTFTMAR Ww) BEV 
Y(w)@#RUTREWe CTDERSFOYVYYVISPNBEVT VF HY 
SME BAOERSORZND b UORMATG ([link]% KE Ullink]) + AVC 
ta 0 23s > TEAL AAR we 7 7 OT JRE IK BIAS 4 
Be fpSOU—b BRS EIEMILT SRK AR 4Z4Y TU YD 
WMO Rk SC ECERT SUES OD EF © Lea T * Link 
CHU S X(w)DwWEYDPFORI BY 4 W(w)Ow Cid > HUES 
EAT SZICEPRPHSET » EMR ORIC MEL TR SHY 


PUVA ARRAS Bho CBO BRAOVY AVY TARAS S 
DATECT ° 


Equation: 
D- 
on 
)=5rX 


Equation: 


MY © W (w) e ¥(w) 


a sbi oe A 


Multirate Filtering: Filter-Design Exercise in MATLAB (H Ai - 
Japanese) 


74 NWSE 


A ARACEAE + Multirate Filtering: Introduction!= AL *& 
VF U-hYAFALDROOFIRI AUS eR TRE © 4 
YISIL ZISERNO FIR 4 JL 2 O (RIBAK NS 2 1O 4 
HCH). COBIIHA N — 1/MOR( £O ARCH SC Le 
Bom TRE e 
Equation: 


H(z) = hothyzt+hoz?4+--: 


= (z-— 2") (~—2") (23-27")--- 


CORMATS AO » (i Bee rob pag! essere 6a eT 
YCREWP(COF 4 MAY VG be} Yar ALB OT Ys 

ZTYPFVYRA-APANRBEVY A-—VRAIANFEV CAINS 
PRN RAL Kem T ROMER A +E), 25), 2) 
=(@): +(2)SECA)ePMALKMETSEODELET OS 

Ciar L - 74 WAIL> FIRIEFIRBIOMADI4ANAEVTCAIA 
CHS > MIE ROU —b CHES SPIRE > + +(F)B EU 
+(27) 6&6 BAA ESRC ACBL 4 DORR eA TR 
KC ERY ING OIAWEORA YVRBVPKS AIRMIC BLT 
SleMAROEDI > KECOFIBK ELORHULET14 NANO 
KEXEDTFRZY-VUVIUTFEW? 


bAbCRLEERABAERG TAI ANA OFAN 4 RPAH 
SAMATLABZ ZU Fh eB 74 NRRL TRAY © 
MATLAB polyb4avit > COPE CE TERRIC IGE EF © 
MATLABDO AVY KF oU4Y Fo Chelp polyt 214774 > 
polyHavO shih SHR CX ET © 


DAW OME RSAH CX ES >» MATLABO freqzHare AY 
Bat 7% 7 4 L&D ARATE & FEAR TR AL © 


DAWA AZT HUY PSS’ ORME CIA. BHUERIZAW 
RAKE EAE ALTAZSTCEBHRPSMEBOQET © TAN 
(ABUE IBD aE CHIS TLIC EO. 74 NW OFIBORKIEDE 
RIC L PRICE SEDICUTR AWD co MELE 74 LS OFM 
lk > ZARA CORR ORES 5 PME HNSRARE ZoTWSCUES 
pr? 


Multirate Filtering: Implementation on TI TMS320C54x (H Asié - 
Japanese) 


AGI VAS TAHT D7 


Multirate Processing: Introduction CRU EY ATF ALERTS 4 Bil 
a) eS a Ed es ae eM ay ts ree i el oe ge ee a 
FIR1L& FIR2¢ Mt ED AIR —PoRAYAFLEF HAY HS 
BAeBMD LETS ZDO2DOI4ANWR—-YRFIFLOVARY AM 
TEL DBS BAIL EBS EMULE VILF Uh Y RAF ERE 
D\PvAKY ZERHEL ZEW eo MHI» D=U=4E BIE 
ORAS ¢ HRA Fe [Aa Ko EOB. CORY MATLAB 
AY R—-72—REeffo CHML ET oI eE< HB. TOBE 
BZ CHIT RXV 0 


Fea LV — b OB 


(Rt y PLU bh CUBASE MIDs IF Hide ya— (Bf 
APE) EU TK PEDO AVY F—-lLO OEM — b WBS 
EUS PEIRELY ELODYYTIU-b LI ANY FRET 
GH EWICFIRIO PIC VOSA TSP eRET SE WIC SHAE 
> ° 


VILF Ub IES RTH Se DICT MOS OW < Dald> 
addm(add to memory: ¥ € ) —ic fz 4) & be(branch conditional: 4p NX 
BENE) tS CH ° ¥% » banz(branch on auxiliary register not zero: #5) 
LY ® AMOLSb ee 6 SP) PP b(branch:tIR) FEAR SEIS IZOD CU & 
3 0 


SARE LU — b BLY MATLAB’ Y X?—72—Z 


feReyo74 a va—F—4 ye—72—R (GUI) Bry 
FILK—bhREACDS PiO1 P61 0 OM4IKS SD (ser sndm* 


+ S mrateouimté UT) ARE CH o Chi IC EMA Ft HR 
elf & BHAT SE WICHA ET © 


MATLABOD FuY Th icmrateguitk#Tsc A. GU I SHL & 
xWo MABRMBNIZ74 PEI ES RIA KES 
S&E>.DSPrKSohe RMAF CMRATASD OKT o 


SREREP RY FVIA—FU+DSPMholdt Bou 5bHEXE 
YV—-HOIY eX a—4F— P65 SU Mo TOS4BEOME (EL & 
TEODOR DY HAKEMBZEDGR GHEI— VF OWBMMeEBz 
RO. COMBMICBOTIE GUL En Te yh XhREBEROE 
wae RAS se OG SGhEF OY) PIL Rb ICRU ORS 
SRA nS y EMC RAF OBB ARSEWMKIEY I—-FO 
IGEDBVECGH o BSL" LAY Y PLURK b IC eXHEG YEO 
BY ATF AURAROU— bh CRA ET EKA" 1 O "WS 
AREG6* FOVATFAREU—b CMBMARESIVY TUVATCY 
DOUVYVIWARETET o 


YUP WLR—bPHOF—-2RAMRDO ES YUST NU R-—bAOF— 
Bk AS I= (AA X th 4 READSERE WRITSERY 7 U2 > BKE TY F4 
YavaIayvyATCe REE IC y ARO > ARI > AR2> ZU TARBUY 2 
Se PRET SRACEBL TRAD e FORD. CHOEODVYAS 
BHtEODI—F i ffbATWORAD > WICREADSERE WRITSERY 
PORI-WDT SAID. REVIT EHS OUUSRES & BIR 
COAPeERAL aI HIEeO EPA o Thikmvdme mvmdD FS 
EeEFAL CHT SU TE MBCH EGS ZEOVYVUPNVADZI—-NWkh 
SBICARILARBSe# RY bh F vy AFTS4ODC >. 4OVZOFI-NG 
BHI ENHEDVV AR EBA SAVEBIEHO EA © 


READSER¢ WRITSERY 7 DIC Ed 4 EAH IE Core File: Serial Port 
Communication Between MATLAB and TI TMS320C54x(= HO ¥ F © 


Preface for U of I DSP Laboratory (Chinese Version) 


fie: VADSPAN 1a 5 EE AEE G&A REE, 
Connexions! AizArpete tk S — TERRACE Bo 


TRAE re TE EA 44RD) EA Seo Se A 1 04E 24 GVEA AY 
SOAS SCSETH_EAY ° AVA SE 235% A ELEC320----(F Fie PAY IE AR — 
#5 R57 Be(the University of [llinoisUrbana-Champaign)—| ] AX #} PY EZ pK 
ZO ASE UR ° AACE EA PS AALS BA aS OSI I] ° AK 
AEIG AS PE REE, SLB hi A oe Be (the University 
of Washington) =# Bwyd TALE © 


YRALT ALS BCE RHE, CL: 


o — 22H BIA LURE TT A EF (project-oriented)HJDSP Se 4ri#, 
0 427 54 rill BK — Ae BA ell PE BEB SEA DSPSCAT UR, 
© FSSC UR EH I th AUT, 

¢ DSPVREEAY Bat 


FARE PASLWECE 3202 KRM MEK o CER AME 
BQ: BEAASCUS EL, Ghd (MC ak(Texas Instruments)TMS320C549 
(bh EH as RFP AMENITY; SCI FIRCS PRAHA) ~ IIROCBRAK 
(HARDY) » LA kemultirate filtering(4 MATER) » FFT a tt aS 
HEN Ak aS SNA 0 AE AR SER E HEE SEA AP dt 
45 SAMUS o SE RAOUAR LEB A= NBS: HERBIE 
MATLAB HAYZR) + LAR ETMS320C549 fx Vb FBS EASEEYIS4GT © (E 
MEAS TE) FER) AA BO RIREHE BHR a aE PAT 
DSPURMEIRIT FFE Z JA AEN Te) SERIA ey BEF y PT AA 
isk o 244 wl Ze ¢h SEALER (Supplementary modules) HFK FREI At eH 
ABR, GOR ACES AEA phase-locked loops #il HEIR BLE TA 
delay-locked loops) » Big MEX (adaptive filtering) > HE ab S 
Ht 


DM te Sb BA ERI BY DA MBA SCT TM LA PIC BUE REA 
EHH iil BH ell PE Bd PLANE 8 TP SRL Gs 
Wt) 38 I — 7 SE Be Es A EB a TASS RE SH > BY 
AT Ree — S35, DUR a SD BETO AD IZ ABA ° HT 
ReGen, SENDA OR AS >) A CRA 


SEAT DSPAYA ZA ° Ai M AH DT OR PP A AAS 
PANY DUE UI TT SH 


Z PAE SETA SCA Pl A Bea A Se RG A SS 
“5 ADE AREY EAE AE FR op TARE DSP ihe as ae Se, AAI 
ze AB RA DV FB PS ep oo GV TEA ESCA SC EM 
AL RAS 8 A] ORAS HRT ZB» SETTER PELE Ee 
HBS BUN ° (FAA TL FR A EAGAN IA] DSP ft NH a8 A RS tH, BY RF 
wae, RAPT RBS RAE Sha EPABX ° RACE A 
hig AS FSF J LAS TR DS Ph a Re EEE & HDS P560004i 
Texas Instruments TMS320HJFt ZIATEH 


ConnexionsH Ak 4 (LAME AA _E hae EOE Bc DSP HRY 
MAALBWA RESET, SBA S SHAE RAAT EE 
IS BY Bea Zor fo BES AAAS OY URED AE A 
fF], CREE SI RAT te EERE VA ICAR oo FESTA HALA IR A OH 
I RTS Ze BATT she) Ee IR BARAT o FRAT AACE EFPIA 

AEA AAA ALPS AB BY DAE SCI RE A Be (8 FA ° Connexions A Ac BR 
T BONAR IS I ae, EAC DE Ht BT ZB ° 1K 
BRE re FA AHA TA FE VE EAS De) TAR Fs OT od AL 
ANT HEA, EASA AZ eS SES TE a Connexions#EL RAY FET AEM © 


AA VE LRAT AY SCF SU NZ BUEN A BEB © EE 
FARO e Ae), TORE RN {Lai (Texas Instruments) , PEIES fl 
(Motorola) » 3344/2 # {CO (Hewlett-Packard/Agilent), {t@{l ] AYU 1BESZ Fe 
Be TH ACAA Sem 28 top DA ETE DSPTT A ASE ° PRAISE, FAM] 

PSEA RAE ECA TAY ° TA, RAAF RIT RALLEAM ER 
RASH IZ SCRE, PACEHIT Ath E AT EH ° TC SN Dan MastXt 

SEITZ, PE, SCPE © HRD ConnexionsHIMW AA 

(EAA TS LATEConnexions L325, GERACE FAR a A Ae 1h 

BECNXMLA#NMathMLigst ° AHS A, ARR ICM LOSES oT 
AA) TA rk LH EW SS Eel EE ACL AZ SE (National Science Foundation) VT “FKH) 
EIA AERA ES AER TWA RI o a, Fee 
RN EBLE TE BAA BZA), BEI 
BOAR eS SST > Be AYE TEAS BT PY 


Lab 0: Hardware Introduction 

This exercise introduces the hardware and software used in the course. By 
the end of this module, you should be comfortable with the basics of testing 
a simple real-time DSP system with Code Composer Studio, the debugging 
environment we will be using throughout the semester. First you will 
connect the laboratory equipment and test a real-time DSP system with 
provided code to implement an eight-tap (eight coefficient) finite impulse 
response (FIR) filter. With a working system available, you will then begin 
to explore the debugging software used for downloading, modifying, and 
testing your code. Finally, you will create a filter in MATLAB and use test 
vectors to verify the DSP's output. 


ale 


ASRS SPAT illist—- Mal AISDSP AZ EB EE BIE oo URI AS 
SEAR ES At BS Va EA A — > fia BLY SEY DSP Tah wat 
HI ZEANPRVE ° FESR BIE SMR SER, SHAR RIZ RSH 
— 8S NHI FIR VRIES, DUE SSE DSPAZ °c WRT 
VELE RH AST CREP aR AR UB aE Bek. BRAMAN TR 
fy ° in, TEMATLAB Pit AeA KEME © 


SCR 


AS BRS) BES SLY 8 Fe F/B ELAR AE Spectrum Digital TMS320LC54x4) TAK 
ene Instruments TMS320C54920 18 5 4hH oe SIZDSPA AT 

HEPEHIOCILPC) ER Windows##/E A Zd+ LACode Composer StudioW 
WW st FF BERS © BE DSPA Wr ae II HH')Spectrum Digital! RRR KAA 
Crystal Semiconductor CS4226/F-A3aftisas ° Aare TPA 
FU A EAN ME, ABR 44.1 KAZzACD EK a. : 
TRDSPAT ATA IA AY WB AB TO A A PRE BC LZ ie 75 SP 


BR DSPA TARA Lh, BES SEA SD ve a fe ACE a A 
WU iss SA Rs iia FA A A TT ABE ° 


PR: FER 


FAIBNCH Ania S A ae a Lo Sj DSP AT AA Aa EE LAE © FET 
DAT aT CH 3 TE 2 Sj AN Be FEE © FF EO [link JAAR 
HEP E BEN Bl 


Oscilloscope Function Genevatov 


©)1 G2 O)3 @) 
©)4 Os Ge C2 


L— Output —— Input 


DSP Evaluation Board 


VEE DS DOE AA Ba SEADSP, Pibhta SSMDSP HK © 
TEE HORA 2 BOE ae, ME HH RA eC BIA 
Meas ° CREB] DME RIF] IN FE Ra _E ES J a SE 
AE eS ° Ta SAE ae A Nia LU 


EWR? : ER 
FA Pre PEAY PZ SA Se SS Seat A Sea Tew ER © 
Fr RRS 


iZDSPAY HT AE HH LIL ITA GO (XDS510PP) It (# FA Code 
Composer Studio iJ HY ° WFP AIA GESRIF AL Pa > TT AE ik 
ALE SERIE TES °F BS eR AE a EB AT ee GRY FIR HED 
At VAS RAR VASAT ASE (ZR 4.5) , ial Be 
KIMATLA BZ >] A UE AW eas SM, (ZAR 6S 7) © 


PRS: WOMB aa EES 


TEE T A a ee GEA FIR EI as Fee RAS Bl, VRID ASE ROC RAY 
19m ° HIE, FIFF—-TSDOS HH BIE — Tha BOR IV RMF, 
SK Ja-Hfilter.asm, coefl.asm, coef2.asm, core.asm, #1] vectcore.asm #4 Jl 2! 


URE BSR 


fe RK, UL—fHcoefi.asmit it ZN “coef.asm”’ A” aii TEDOS 
O+f#Aasm filterXiLame as eee iS ° LaRM Wwe BI 
FIRVEVR AeA (fe Fooef.asm#) GFF EFilter.asm 
A, gt Ra MT 4 AFilter.outhAas Tit 
TE ll (RAGA Hag LE SCF 


FRA: BUSTER aa TEP 


Loa st ei as Pee TiS a, XaCode Compose tritt A FEF Vali EA 
Bo FER ACRIGHT, (K-71 EE DSP AT ALI) 48 processor mode 
status register (PMST, Mbo#esi cK AS et fFas) ° A\Code Composer 
M)Debugst Ait#eReset Kit fT HA ° 


OhREJS, MViews<4iePECPU Registers tt] mDSPA 
FPeS SUB) BO, i%/| fei ORF HY LE Code Composer fat FAECES ° $¥ 
BIIPMST 23 tas ° EMBASE il RUE FEO LAB PRDSP 4 HT 
ME LE o MRAM AE, Waa Edit 
Register ff HF (UHI AVIERK © 


Ste, vEREFiles2# FALoad Program ek A jeIx AS ey ILS 
iS ° ida, FRYKEEADSPix, wtftDebugsk 2 PARun IAT IAtE 
FE 


PIB REP a ECR Ba] AGH (input channel 1), 22.0 7RIKANE 
5 AUR aa ATE Ss oP Bl BOK 2 A HH HIE 1 42(output channel 1 and 

2) TERA TRAVAUR RANE AB, FR 2I74 AYR oA 
(a5) BEA ae AGL EA ES ASC SAI °C NR GHD) Be 
BBE Pea S (7 E44. 1kKA ZA RE, FPA SURE (anti-aliasing) 
WE as FDR (anti-imaging exas ° Ff APR aS ECE RA (AC 


coupled)i), Evita SIC ° MT, UO A 1 
fay 2-2 AAT AY ell ? 


FEES AR SEG EE DLLOV, WOR ERLIESAME » REO PR 
AE EI RS | EULER MBIT © E44.1 KHZ B, DSP 
AFAR ONLI NLL K? 


ARTE UK FIT Oe Bl 0 28 MG ES ee AY SS A (RIES re BG A) IF 
HARE -6dB(-# far ILO © FETE TT AN BC HES HE 2 YA TY BE 
AR, AAI S A Re eS © 


27RD: TSM AIST tie a8 Be 


TERE T DSPATSLELAIEIR HR Za, (RE Do EL 
HE AN RIS ROR ST ee as ° SC Fooef2.asm# GA ANY 
BR HiN—(Hcoef2.asmit is 4% Ncoef.asm° 


ENE VR AY CICS FF x at I Bae te, FREE TRAP ABET 
DOS ff FH PAYIL A POR DUT a TCS ° 


SPUR DL, EAN AALS BIB A EP OR A EE AHR 
EL-6dBIX EWA © 


2G: TEMATLAB $ ter EUS as AS Oy NY 


EAE (PHL IE WL RSA DSPPs LSIMATLAB +34 Fd 
Freq fis Hr IK NTH HITE PEL AS HI TIPLE 


MFcoef.asm FAA FH FIRUEI as ERIE LT Ox1000 (1-75 
GE) AYDSPATE# © PRATIC SWANS TAI “EI a FE BI SE 
AX o HEFEViewss 2H AyMemor yt] FF—TMemory Window 
Options#ORKAEGMHAS AN BASE °o He MAHA 
Ox1000, *Kxtith16-Bit Signed Int > Si“OK’(#ATH BAR 
tae HULA ERC O° AAU RAE EH © 


TEX TIF A, TERRE BUE A EP LAB APSI © BIB Ek hl 7] ie + 
Ox1000 MmB# h[O|fiz-FOx1007 » 


PERE AEA TEP REI TB SRBUE, BER ET LARAEMATLAB 
HA freqz fin SK fit NE as SA fo BEE Freqzim Cima 
FCTEMATLBAB # AER AS ROE TAS © HOD, WRT ABR 
1a —*S ABN -10, 20, -10 ME BRERA HA, FAT ATE 
MATLABHA 40 Fase: 


= ale oe eile) 
e plot(abs(freqz(h) )) 


TERUG ALTA FFOx100020x1007 FAY /\ TEA FABER 
Hh 5 


RE 


WHEEMATLAB# fi 7S HH 28 Oe DY AL RSC AR TA] eT]? et I 
Fe) A] AER Al ett A? 


RT: FEMATLAB Py? ART ee as 


Saw 28 B te PE LEMATLAB UES R BSE © HENRY “Mi 
(ER AT DOREMATLAB PEAY Ie as EOE Be A] DN Be A EL a FE 
PAE, MMeA TALES, OOTP IR REBOK 
Ras 0A BA ° EERE BA CARER SM, BTR AT 
fe PEA HEP BEY © 


ae, ZEMATLABH HAN = gen_filt;r+—TBAALE\ SG 
WEES ° KRIGHEAsave_coef('coef.asm', flipud(h) ) ; (Re 
JERS MAS, HERFAB CIA So (PUTER ERIS 
=] 4£¢en filt.m 4 save coef.m' FFX 2] ° ) 


MATLABf #2 ERK Bh FBC F(X B coef .asm) ° 
TE RTE RTF Z. BUREAU A RR” DAE ET) EAB ee 
Ox10002/0x1007HI NTE © 


EN AE VR BY PAPE CRO ARES BE TIL SAIS 171k TT HUE UR ae EEF ° 


ERE BA BT I a PEP A 7FOx10002!0x1007 FHA ASEH 
ABT 


RS: TEA Pea as SRL 


All FA vali LAME] Ae DSPA FE PASE, hay DOR Eta 
a AATHBr, Ame SEA Hh eo BO PERE 
PN ° 


(E7LOx1000 2 Ox1007 NF PHS ER APS a APE 
1S ADF EE nS RI a 


Equation: 


h|n] = 81926(n — 4) 


TERRDSPS B18 192 ER 32,768 (7 \ fit it Hl at eas BE CY 
BARMERA RPh ° AC A BEI PORE HF 
AFCA ABU /4 ° KFDSP UA hee a eS fe LSS Two's 


Complement and Fractional Arithmetic for 16-bit Processors ° 


(EPLSsEPP A/S BRUR, IST BER ae EEA I a AI 
FE ALT HH IE ZB iS © 

QFE EE AAA ns BRS IVE PEA TL? NOR FE 
CEA Ta]_EXT DZ JL#D? 


PR: WUHWABATE 


Bes AY 2 cee HS BE A OL SH Ho PR ea PRY DL 
“FEC HH 1 5 A A MATLA BDA Te AE Bae BC Sb HD) ES fs ST 
PASH fs SELLS ° WIFRDSP ATSC EMA WEB ase LEB , TU a 
Hh Ae J LARRY ° A, PR ESCTEMATLAB YS 4 — MHS 
FHEECFA-TRWMVAS ° a ARM EA TEDSP L847 


We as, FES HW 2I|MATLAB+ Fl ZEMATLAB# XR aS eH 
ZESRVE LL RS © 


ARMAS SH er ES Sees 0 —TS AKER 
MATLAB Fisweepax (2 Ulsweep.m) 27" 4E—- MER — FE ER 
AI IESZIK oc MATLABERAsave_test_vector (#/il 

save set vectorm) A) LORS EAY IE SKI FEL A AK Be DSP FE 
feet ° 


FEMATLAB Py EAD PR EFISIE— PIES & aise AT DAE MB aS: 


>> t=sweep(0.1*pi,0.9*pi,0.25, 500); 
% Generate a frequency sweep 

>> save_test_vector('testvect.asm',t); 
% Save the test vector 


Be RK, HEAAIMATLABHiconvas Sk Be EM Hgen_filtfrr 
AS WEVR aE ANT TK IE 5% IEA PUM, ° FERAL MRE 
7507 (n+m—1, neleRaRN KE, mei fe SRE KEE) 
Ree ° (KLAR ILA BAY BIS00S 3 © 


>> out=conv(h,t) 
% Filter t with FIR filter h 
>> out=out(1:500) 
% Keep first 500 elements of out 


ER EPO EF ilter.asmk (FA MMABRD I+ 
vectcore.asm ° ARE SCE A EFA a a A an LH BE AB fi FDS PAY AFF 
HET) AN EP i as (A/D) RAD 5 FE aT (8 5 1K Bl BB 


Behe (D/A)° MIRE REICEDSPNE PREM, BRERIE 
RAS EB P TCS BBE © 


Note: (QM KRERAICEZA .etexthNFebao4 ¢ KFDSPNH> 
AR ANZ BY B& DLCore File: Introduction to Six-Channel Board for TI 
EVM320C54 ° 


ACMA BIAS A DAA A4000N AS, BRICK AS 
ACE, tHAAICAT Ae MRE AH eS RE 


Be AMR, meee Filter.asm ° (Fave iS cee 
fay FA CARRS St, UR AY AES EAA REP RSE, AO 
WordPad, Emacs, XVI ° *OCFAIYR— ATER PBR: = 


. COpy "core.asm" 
BA: 

. COpy "testvect.asm" 

. COpy "vectcore.asm" 


TER GE HEE ANE .. copy Z BHU ABD 


kt ERY A SFE RE BCA MU at Ae eS HOR EE TAD CE ° SE 
BETIS AMEE LALIL Sea, FaCode Composer#%A EFA 1T ° JLAD EU 
HIEDSP ((#FDebugsz FAHaltimS) , FPA DSPE FILET 
+(e] A SAN #2%618)_E (the DSP has halted at a branch statement that 
branches to itself) ° #£disassembly ff HF )¥#0000:611F FO73 B 
611f hm wa ° 


FE ROR RAE HTL SUES ER AMATLAB © SE ERTF ELT Ox8000M FEF 
A A A 3000S 2.70 ° 4£Code Composer Studio # 7tf#File - 
>Data->Save..., A s/FMoutput.dati#ieEnter ° ARE 
HALE + A Ox8000, 7ELengtht= HM A3000, 3:7F'RSES 
Pagel) FAL Fits Program c 4K FAR — BA Pre 
MR EEIERR (Mlist ee tk ER) 


Ba, f&Aread_vector (#Jlread vectorm) ARTA ZERIZA 
MATLAB ° (@ 940 Fire: 


>> [ch1, ch2] = 
read_vector('output.dat'); 


MME, MATLABR chit Vy FZ yRAMIRAS ° MATLABKS 
ch2M SKA EAM tA BEA], EM DSPAZAY HA wigsdt A 
FEAR oS IK El ay HH i ° 


Note: HF WitK SFA DSPIGILA Fait te FSA WBS LiRE, SE 
PER EBch20 AAT RES MATLAB ENWRKKS ZAHA T ° 


FERNS Hl HK AMATLABJa, EOBGH ARH (out) FTIR at 
ANSE Pe (ch) © 4A] DORSCRN MBE ee Te] — PF AEBS © EL 
yur 


>> plot(out,'r'); % Plot the expected 
Curve in red 

>> hold on % Plot the next plot 
on top of this one 

>> plot(chi,'g'); % Plot the expected 
Curve in green 

>> hold off 


OR LBB RE PN Tt BIE AE I LSPS © PRAY CA APSO BI el 
ASREWZ: 


>> plot(out-ch1); % Plot error signal 


UE AR BITS EAS SE EABIA] o FRIAZEDSPIE AN ELODIE; TT 
MATLAB£E1T EH FA e64 ie RY o 


TERE AIHA TABN, WE KE OSES, LA 
Br FAAYMATLAB is out=out (1:500) Al LIRA © 


FIR Filtering: Basic Assembly Exercise for TI TMS320C54x (FF SChix 
Chinese Version) 


FRA >I 


ay AT BABE RAS ° BT LL Two's Complement and Fractional 
Arithmetic for 16-bit Processors » Addressing Modes for TI 


T1S320C54x » LLY Mnemonic Instruction Set =F fF PAINZ © 


1 FIR_len .set 3 

2 

3 ; Assume: 

4; BK = 3 

5 + ARO = 1 

6 ; AR2 = 1000h 

7 +;  AR3 = 1004h 

8; 

9 ; FRCT = 1 

10 

11 stl A, *AR3+% 

12 rptz A, (FIR_len-1) 
13 mac *AR2+0%, *AR3+0%, A 


FEAL"  " FRSA RS TES AER ° FER, TERT UIE 
BS stl Pitt a SH oA EASBK ~* ARO » AR2F#IARSHAIAA ° FBV 
"h" GEER Ox FAMANSIA TER AUB ° 


Example: 
1000h #10x1000 £5) 278 Ts HI BV(E4096 ° 


(BsceE Was LA LOOOHHIA FRAN SR BEN 


1000h 


Alte Paya 
farce (iH 
4TH) 


TEAR P stl. rptz #lmac Sein, HATHTAIGH RA Das A 
Ree i Fae AR2 #40 ARS FAVA ICSE [link ATE HEA FET Bo FH 
fee AE BARE See [link] Arde feay 


A AR2 AR3 


00 0000 8000h 1000h 1004h at start of code 


A AR2 AR3 
after 
StL 
instruction 
after 
rptz 
instruction 
after first 
mac 
instruction 
after second 
mac 
instruction 
after third 
mac 
instruction 
PUT 
EPR) HE FBTR Alles A 240M Fas, MA Aeate LEE 
REIS (fractional arithmetic mode) F ° 4E3¢FPEESC ER, ARG 


DSP FH Rab SS PED OR ADE, ALU GBR as) PREAH 
BRERA SKAB ite ERRATA TOL RR, UA 


>) PII FE as ob ce LEE AEP FB oo) AP CAM FR ITE A 
S RRO HERVE, iBSees GHotmacts>) Arr EM aR ye Scho 
{EAN fi ° DSPHYAU(E Fez XX EYEE Two's Complement and Fractional 
Arithmetic for 16-bit Processors #8 Hi-ZH AN fH ° 


ATE Pa 


Saree (iH 
TH) 


FIR Filtering: Exercise for TI TMS320C54x (Chinese Version) 


al 


TEAR, (eR ARDSPYL Sai SRST FIR (ADRAKIEAR DY) HE 
eas ° HEFPUR ZB, SORA — SEAMFIR GIN 8 LS 
filter.asm. 

filter.asm 


1 .copy "core.asm" ; Copy in core file 

2 ; This 
initializes DSP and jumps to "main" 

S 

4 FIR_len .set 8 ; This is an 8- 
tap filter. 

5 

6 .sect ".data" ; Flag 
following as data declarations 

7 

8 .align 16 ; Align toa 
multiple of 16 

9 coef : 
assign label "coeff" 

10 .copy "coef.asm" ; Copy in 
coefficients 

11 

a2 .align 16 

13 firstate 

14 .Space 16*8 ; Allocate 8 
words of storage for 

15 ; filter state. 

16 

17 .sect ",text" ; Flag the 
following as program code 

18 main 

19 ; Initialize various pointers 

20 stm #FIR_len, BK ; initialize 
Circular buffer length 

21 stm #coef, AR2 ; initialize 
coefficient pointer 

22 stm #firstate, AR3 ; initialize 
state pointer 

23 stm #1, ARO ; initialize 


ARO for pointer increment 


24 


25 loop 

26 ; Wait for a new block of 64 samples to come 
in 

27 WAITDATA 

28 

29 ; BlockLen = the number of samples that come 
from WAITDATA (64) 

30 stm #BlockLen-1, BRC * Put 
repeat count into repeat counter 

31 rptb endblock-1 ; 
Repeat between here and '‘endblock' 

32 

33 ld *AR6,16, A ; 
Receive chi into A accumulator 

34 mar *+AR6(2) ; Rev 
data is in every other channel 

35 ld *AR6,16, B ; 
Receive ch2 into B accumulator 

36 mar *+AR6(2) ; Rev 
data is in every other channel 

37 

38 ld A,B : 
Transfer A into B for safekeeping 

39 

40 ; The following code executes a single FIR 
filter. 

41 

42 sth A, *AR3+% ; store 
Current input into state buffer 

43 rptz A, (FIR_len-1) ; clear 
A and repeat 

44 mac *AR2+0%, *AR3+0%,A =; 
multiply coef. by state & accumulate 

45 

46 rnd A ; Round 
off value in 'A' to 16 bits 

47 

48 ; end of FIR filter code. Output is in the 
high part of 'A.' 

49 

50 sth A, *AR7+ , Store 
filter output (from A) into chi 

51 sth B, *AR7+ , Store 
saved input (from B) into ch2 

52 

53 sth B, *AR7+ , Store 


saved input to ch3...ch6 also 


54 sth B, *AR7+ ; ch4 


55 sth B, *AR7+ , ens 
56 sth B, *AR7+ ; hs 
57 

58 endblock: 

59 b loop 


Filter.asm i MA JRDE LIAR fa Ss A FIR WEB at PBS FARIS 
ZS RE, FRR ee ia Sk A 2 ° 


Bt, TEVA Zak onas LB — th LE BOR ENGR A ie EA 
MF, FP filter.asm #1 core.asm #3 J IZ A Se Foc HAJ FAMATLABE 
P* EY PS 20SEC WFIR We ae ° 8 — Maas FB Dat 4 kHz 4 8 kHz 
Z AIA; § 38 — MRR as Fd Daa 8 kHz 4 12 kHz [AIAN ° PR 
SEIS 8 BOD ARAN EYE] (transition band) #8A1kHz ° A4E RIE 
Peas, EFOR MERE LBZET AZ 44.1 kHz KERN 

(digital frequencies) , #A/a HMATLABHY remez tr oKr* Ele 
av; URASLABEA help remez 23rAVAP BIE I ° HA save_coef ire 
RE AT EAE a TEA ASB SCE oo ERR TER EZ EE EE 
MAS EE °c) TIC ORADWEIN 28 TFA MATLABFEE, LUE ake) 
Fes ly EAB! o iE] DL HMATLABii> save #2528 ° ESE RUIX 
HEPeVEla, A freqz mooK ine MER as Hy ml hy ° 


BMS: FIHFIRBRA 


DER SEEN 4 kHz 2! 8 kHz AYR aS ° UR ie Be Bs 
Filter .asm RADE Bas Ai re EAS BU A BREF (CIS # 


Bt, ASR) PFIRJER ANKE 201 N28 © Ar Dn ae EY 
FIR_len (20 ° (#9 .set 8K SZ FIR_len AC 74k 
{8° FAVA EE FIR_len .set 20° 


EK, (ESHA . copy T#< ERIM IY BBG SAE ES 
Fo RETR ANT a ST CIE 4 DOA BAY SEP NT SC PH) 
f- ° 


Bia, (KX .align fll .space t8S(EA MAAS © TI 
TMS320C54x DSP22 FE Mat Fas SRR AAR (circular 
buffers) AY@EtRHHHEE—TAFREKE 2 AU o AF RE 
EAT EAA 20S ENE as TAMA KARERREKR EN 

20) , AFIRRUBM By) 2H BU A382 © ATURE RSE 
RIBS AN AF ALAR IAB 2W GAL co «(1670 RZRFF (16-element 
buffers) tH Z2kHhk A S2H aU °) HRRVE Rel «align mK 
SEER ° WAS, BEAKER BE ATE IB] ° BRE 
.Space MR, HARA AACS IAA fZ (bits) 2X ° 
- EN 20B NW EK a8 2 BZ |e DE FES «space 16*20, 40 F 
AA: 


al .align 32 % Align to 
a multiple of 32 

2 coef .copy "filteril.asm" % Copy FIR 
filter coefficients 


3 

4 .align 32 % Align to 
a multiple of 32 

5 state .space 16*20 % Allocate 


20 words of data space 


ICSRAVRAI RAS, KF PMST Ke OXFFEO, DSP (reset) , MAJRIS 
ee EES ei een 
— DER ° 


BOMBA: WOEFIRERA 


43, BI—-Me BMS teeorMscet filter.asm° 7ix> 
FS LASS CFP aR Aa AR), Lk Bo Pe a8 Deh I, 
7S EV EEA BEL 


Re POR, (EBS, BERR RR RMB Rae RIT 4 kHz 2) 
8 kHz) ShSH a2 AIK BAT Ho TL DN DG RFR BZ SC RY 1S IK 1 
JE QSb, MERE MB as ORY 8 kHz 2!) 12 kHz) SHRM ea AR 


XB] fay HIE ° Ak, AEE A .align #1 .copy t#¢+4#A_—EBE 
REVA BIBRA TE ° (AEE MME BBA Ett 
{7B “MEV AINA BE © 

Exercise: 


Problem: 


4a 


URGES (ae BAS EBS AR FA ARS Tu SLEA GHIA? Att 
1, FAIRER TT ES REE? TERRA E .asg $8 AR4 
AL ARS PLAS AAT IESE SE 


4% FA DSP Development Environment: Introductory Exercise for TI 
TMS320C54x IPRA ATE TEMATLAB Py” E—+ Sis KN KS A 
THA ° 8Ja 1A] DSP Development Environment: Introductory 
Exercise for TL TMS320C54x PITZAHY RM KK DC PPR EK HH ERE 
ZRMABN NAIM c ZEMATLABTE HM MEK as Ta 
ANSE hao A ENT ZA ZEA ° ATF ADSP ASA  FIMATLAB 
Waa SB ANIA]? 


PBT: KOLA aia 7 


a EAA Firs faS eit AiR (ER as ° (ER BB Eb 
Sh PAUINS, FA firs SCHR 4 kHz 2!) 8 kHz WEIR ae ° 


Bie PISA RE SHS ZA KA: =) BE 
AQ firs f8 CISA SRA TEP AT (program memory) ji tFAGE 
A\f# (datamemory) ; (2) fairs BoRIKA (state) MOTI 
TEP MERE Ho RF firs HAAS Mnemonic 
Instruction Set FATA 4-597 LL R ALF Applications Guide 4-5 2 4-8 
HA SEA THUAN AN A (4p GI TMS320C54x DSP Reference Set #') 
Volume 2 #1] Volume 4) 


ARO ‘fi 201 M-1 A BE HARIA CIS IE fs LYE ° AIPA? 


Note:2U7£COEFF HT in VTP ANE PIER ° HEM ARF firs 
Asi ue ° 


1 mvdd *AR2, *AR3+0% 
write x(-N/2) over x(-N) 

2 sth A, *AR2 : 
write x(0) over x(-N/2) 

3 add *AR2+0%, *AR3+0%, A ; 


add x(@) and x(-(N-1)) 
4 


(prepare for first multiply) 


5 

6 rptz B,#(FIR_lLen/2-1) 

7 firs *AR2+0%, *AR3+0%, COEFF 

8 mar 2222222 ip 
Fill in these two instructions 

9 mar 2222222 ' 
They modify AR2 and AR3. 

10 

11 : 
note that the result is now in the 

12 ; 


B accumulator 


FEW EA TB NTR RRR ASB, Re BOOT SET 
AD Ia LER MER: 


1 stm #(FIR_Len/2),BK : 
initialize circular buffer length 


2 stm #firstate_,AR2 ; 
initialize location containing first 

3 i 
half of states 

4 

5 stm #-1, ARO ; 
Initialize ARO to -1 

6 

7 stm #firstate2_,AR3 ; 
initialize location containing last half 


(FAR BAD PRES A STAE 28 ES I TEL Pr 56 FR 
WU AS aT ° EE BOA TIS AY an HH A A mactia SASF] ie as A) 
f° Et eG? RAE A? BA UES aS RAT LO IK 2) Fy 0 
JL, ANZA eS 119 IK Bl SH V2 ° 


Lab 2: Theory 
A sample-rate compressor removes (D-1) of every D input samples. A 
sample-rate expander inserts (U-1) zeros after every input sample. 


al 


fe RZ, UREA REY (multirate processing) % 
By (FASO [link] PraSe AZ) «° HERAT ANAS ORE BERS = (sample- 
rate compressor ( )) BR MBAR y, i 
KEY eas (sample-rate expander ( )) WER PRESIILA 

0° BRAD BEAU AC SUE ( ) , TEU 
FIR 1 #0 FIR 3 4§} LUPE OP, EK aS FIR 2 JU PEE BCA 
RK — Fe 


In 
Out 
st) efi }-+{4o) (ty) -[aes _ 


fe ROK, UM BSATT IAAI ES Ta EE Fa Br ee RA FERS 
bill He 48 FY BBL oo UR DAA IEE BAT EK SO LES & 
FEAR o JEW 4s FIR 1 #1 FIRS MVE RITA? WRIA ENA 


RES EE? 


Lab 2: Prelab (part 1) 
You will work through an example problem that explores the effects of 
sample-rate compression and expansion on the spectrum of a signal. 


ZRF BK 


3 8 —P BAM [link] PTANDTFT X(w) WIRES ° 


ey Af S HYDTFT ° 


(ix U = D=3, fA-ME SERA REM BZA ZR RKA 
((link] #4 (link) Kili HAS eA [link] PRR AS (FOUR 

at) JaRYDTFTMa 2, @48 Fla] hy (intermediate response) W(w) #i 
HAM (final response) Y(w) ° YER MANE Ms w BRERA FS 
PETE SORE RT ORE © AIL X(w) FW (w) A PRPRIE SUES AIA] 


Equation: 


| w+ 27k 


Equation: 


BWR ARS 


Multirate Filtering: Filter-Design Exercise in MATLAB (Chinese Version) 
PEW as HT RK] 


te FS SW IEA Multirate Filtering: Introduction FH SMR ABIX 
Thi ak © —MREEA N ANFIRURR ASA 2-PRE zt Pe TSH 
HL, PSUS MAS HRAN — 1501 ° 

Equation: 


H(z) = ho thy tt+hoz?4+--: 


= (z-— 2") (2-2) (z3-27)--- 


All AIX — KATE SEAS ££ (27), (4), (%), (4), (2) 
+(m)S0B 12S BRERA — Mas OR TS ORE ASH 
HJanti-aliasing Flanti-imaging Wiz as) °° PRCT AI MiB as BH BT BA 
VE FIR 1, th A¢K% A/F FIR 3° MOT TUR as FIR 2 Jet ee el 
AY (4) and + (22) chi DU SF BRA St “MR a8 

(FAFA ACR AA anti-aliasing #1 anti-imaging JEIKAS) ° VAR 
Th TEU aa BU AR TEE AS FS em eB NEB 1 


7EMATLAB FR i828 EWS ROR EIA RL, FDR ITE 
ax ° VR AY LU AAMATLABHY poly Hat ° ZEMATLABH##A help 
polysKIR AU IZA T° 


FEMA SKE SAUS, HEAMATLAB HAF reqz ea 2k i Hh oi Oy 
Kv HH © (RSs AC EW PEPE ae AS Ul DA RAS aot ° TIER DL 
jG SUB AKA ae BN, CR RA ANE © ASE) 
aaa a Pe) 2 A IT POL A aS a 7 A — 


Multirate Filtering: Implementation on TI TMS320C54x (Chinese Version) 


BRT R AHS 


4£ XL EMultirate Processing: Introduction FP Ar tHukAy FE SAB Z A, Fe, 
(HEWITT AE FIR 1 Fl FIR 2 MIRA REAR AAT 
FEASHIAN AZ eo TEMA TS ZA SAM IE A FS EOI 
IRAE Aly ° AS, HAREM EAA BREA D=U=4 
oo Dig tTMATLABA KV IAZBR, FRESE 1c PTE 
Ya} BE © 


FRIES Fi Bh 


Wy T (EASE REE BLE, FEM RIG POA iT eae oo It 
BA aS RHR ERE Bk Fa BA FPR LE, DARE AY EVER a8 
FIR 3 FAM A OK SRE AT HE 


FESEEN A RIE AY VK FY ee BABI, RES: addm (add to 
memory); bc (branch conditional); banz (branch on auxiliary register 
not zero) /\  b (branch) ° 


SCAY REFER aS MATLABSE 


— fal BAY Ae FB FLT «(GUI: graphical user interface) FY Lats 
47 OIDSPAIK— FIT T1102 IE BS mratesuim, | 
IY Fe ser_sndim) , FALUSCH PRE RE RRA BBR ° 


ZEMATLAB AH HHEA mrategui i247GUI ° —S a Fl iF in 
A ADH o HRTF INS AS AIK SIDSPHI AAAI EER © 


Prete Pea Sal CIS DSP M1 ELE A a — RES ICE 

holdAyA AHI ° TAU AY LUE IAA Ae Be PF Bl ae Ja AY HH GUT 
REAL FBR, PRIFUR CARER TT RESHE EDD © UN EEE 
TEE te ES BT CE — PE i AT RAB EM BY 


AECAS o WARE EL", ES ASDA LIPS RES PB; HOPE 
BNA e"10", WW RSCTERUORE Z AAO TAREE So 


i¢33 2 READSER 4] WRITSER FASEB 47 EA A IRB EB 
470, FFE ARO ~ AR1 » AR24il ARS 448 ° ALR aE i ee 
Ay (P88 DCR OS) ATE, Be EAE READSER #il WRITSERZ Bil 
(RAPE BA BUE ° CTT DBE mvdm #1 mvmd F8S3e SEHK © Ent 
TR TEPER AVE AY ABS Be Ti Be Teas ARI A AR3, AU ECE Va 
FA Z BUTI EE EER ° AN BE BID A BK APA Arid 

TC ° 


KF READSER Fl WRITSER HY) 424 1 a] LAE Core File: Serial Port 
Communication Between MATLAB and TI TMS320C54x HF Fill © 


Preface for U of I DSP Laboratory (Thai Version) 


a VA 


lanarsatiulas i wdiunrainarsiseunrisaautunrisugianrs 
UseNIaNadUAIMAdHaA (Digital Signal Processing-DSP) N71 14 1 
wae Mutiar 10 ndtaasnissquilatunrisWauriaunisaind wiuty 
AISISUNITAAUTUNISMMAATAENATI LUANIUATLANAISULiUAaIU 
vuilewasnrady ECE 320 : nrsugtianrisuseuranadayruAdoaa ( 
Digital Signal Processing Laboratory ) #aHuadawaan aavuurAs wav 
Hulnrsany ran re NU1INEeNAe! [linois Urbana-Champaign , baz 
udaunuans MAuasaadonn rear lasvas 1 ovaslusiea uanain 
uwar lanarisatiuidamariedinsuaartiusire4 AugradrwurAy 
Laarnnrsuszauasausouasanaisn lavianrsineuws Lunaw 
vile Fo leuiursansuuavdrluiudaundovasnrsiseunrisaau 


ainaartiusire) aiqwau Nu1INe—IAA Washington tiudy 


a °o Vv anu a 
lanarsyaiauisa luuszenn Lia nAAUusUUULUNstseunts 
AAUNLLANGIIUNAINUNATEAUAAN LU Au lLALLA 


© JeAflnrsvitTusaanrsugtanrsusenrawadyqiuAdnaa 
HAAAHNIANISANYN 

© FAIA ATVI ALANUDUMIALsEUAISANY? laginarsnMmaay 
ynaularv 

e NIsVINISsNAAALATNA ud uUisUAVaYIIIGINAUA 119 
uUsenrananaudqana nisdnwrdaadaavAdau nrsweuuy 


UAINIGUTEN IAN AAALAMAIMUHAIHAA 


3457 ECE 320 dau NuIaNEe—IAL Llonois UuLiudIadULUUNNoY Wav 
AnuMeNriArayrivinarr Lana atiiwdy Fusznau luAMasaavayy 


Aa nisNauuurasUUuAdanrsiusiauarvunindaw Fosaudze 
aq wSUasdudas Texas Instruments TMS320C549 lutasIwaiwarnas 
Las NISWENUIAAIWLLIAAANWAYG DSP, real-time FIR, IIR, bkA¥ multirate 
filtering, AISMATILN ALANS METH FFT, WasLAsavdvdqyaiauty 
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Vanisuaaastilua vavainiuaviarsaaudaguuuaniailuee 
UAAannasenasainviainisumaastase tuusiavdlarn Lavras 
lusiavaumivaa semi-self-paced tutorial wavaINVatianan au lawn 
AISHIITMIULUIAIINANUAYT NIGUSeNIanNaAdUAIA (Signal 
Processing) NITAANWUUNTANISANNUDI tH LUSUATN MATLAB Lily 
aqutual teas NISWewur assignment bLuU real-time implementation Tmel 
%# TMS320C549 Lu las lwabnanas. MANATIINAISAIUAIULLIN 
qAVIY AsNaranannrsanuruariu Unnwrusiaesngqudasraanvir 
Tustaa Real-time DSP wae tklaarmiuaAadasinantunrs aanuuu 
NITIIAAYD NIGWENUIVIUUTS bax NISMMAAL Tusaatiug AIUNIA 
ANWIAN (Supplementary) vsaauLiuLAuuasiaiiaa annuaiasdu 
aaAINISAaa I TUUUATHAA (Digital Communication - FeUsenauluare 
phase-locked loops thax delay-locked loops ) NISNIAVAMA IAULLUUUSL 
612 Ley (Adaptive filtering) n1IsUseNIanalael JWA (Speech Processing) 
lay NIsuUsvaIanAAAULaey (Audio signal processing) \ailunrsas 
LaSuaruadavastindawn dvsutainvatulugenssutauasnrs 
uUsenranadaia araavaniiunrsvialusiaalé wasunundrasaau 
UAINIANUIN (Supplementary Modules) VAANISNAUNNINISNHAAS 
unarsduaid maandauAnaauasinan n1svanasnmaaaasunrs 
Juunrsaaunrisusendanaduqniaud Annies luumfuuse avi 
LauAL (Aradirau NITALASIMAIWINA) BINAISANYLAeNUNIUAIS 
audaadaasiu indawdearwisarsausuuanr7anrsiauy real- 


time DSP fimutasauta tauldainindawitulqamianuninerau 
Illinois MAIN ITANIAIINAN Lo sulLuaswassagia Lu 


ArsHtindaw laviinisnAaasuavo un lAsuNaUNNIAULiUAIS 
AvMAUAIINGGANII NITMA Ue) AIF ad Warland suns 
Usenranadyarududasnrs nrsiflantrwaas nrstHaqn 
Assembly was DSP lu lastwstrarna SuUUS TUIULGN (fixed-point) 
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Lava Indua wisanansavAIINa MQMuansugiA uAIA 
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aMAUNsINUutsatunda tUAUIAMAUTNAL Haaunditruuieanda 
UNUaaNeirwaan lutuaraaewusunrsnIaaayd , design material, wae 
misthuntanriunAardaslauariaetiutusuuuudas compiler-based 
Vda NIWA WU non-real-time NISMHAaAIN TH IeUUNENUIMLANGIS 
Auaanlu usa DSP lutaslwainavnas NuansirsAu seHunalianae 
wud aunsalusenaunrsnaaauiAauvonNatunuieanAuariy 
daanrsUVaAIWINLA sues AWAWALAasMLawreLawasuad 
#15424(hardware-specific language and instructions) ngasnrsnrs 
Usuuge auasalusenaunrsaaudunautiuan tau DSP latas 
Twovnaryas Noirs baz development boards based %@3 Motorola 


DSP56000 tLax Texas Instruments aa TMS320 
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UUurlinnavd ranerdanaunozqnniuw Usenisnaasuurinearidanny 
UviusiraAdlLandénualtusasuasaunsalatavilants nudnans 
tindaw7 wavaanrsiseunrisaaund uiud msunasnmaasntans 
lawiedry tuumeNndrdinhndiadlwauasanaenanutedasaund 
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ANI INALVAUMLAUAILT HAY LUN ISVAG UUAGLI ILA I GLUAIS 
atuauutnmaudarsdrsiusassiluWaursiadnd Usenrsqanre 
Aanrisiaaunrsaaudriaviuqnasiwdu uAla doulas waviinray 
Tarnquaugidauauiatuaiwardelinrstuaguulasnanuavyidey 
MAAN UA WNAIAUNAIUN Lande MaAUaAUAVAIINAMUUItMNAIIN 
daanrsnlAndu ihinurasi1984 Llaaauiaaunsainty ward tunrs 
Hier Aanard lAuans taLAudslssqy danas lustaa Connexions 
LaUrU 
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DSPuavaaumAgrdias siunnaasduassiavae uifnriaiuluteédn 
Iailéddunrisatiuanud Tusvaatasaeiulula laéandudunin tala 
JunrsatiuanuadraiiunrenrsainvrMArAMiuasldaintianiara 
JaVaanssvuiriuazaauAamas Taebawrzadirvéie Dan Mast 
Arvsuariuedrndaatuany nrsaanuuu nrisAmdouavquasnyr 
AuUnsalatavlantetusiunnaad war davvalanvayiuuauAM 
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sUMeNIsatuAyUoN The National Science Foundation naannaraun 
pIUNINA IMLS TAIN ISANUUIGIV aE eG ALauNanauaUALsIA 
AIINGasNIsUaAsiNsAUtNANU WAvAaunsay WaeNAraqnaa 97 
AAIVALAANIAIINUAUAMMGA NUIIAAULLALUNANUIFULLAIIULAD 
MaanaundriAiruN) AsaNAUtHaanrsiseHuNrIsaaudIaHuArIsaEL 
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Lab 0: Hardware Introduction 

This exercise introduces the hardware and software used in the course. By 
the end of this module, you should be comfortable with the basics of testing 
a simple real-time DSP system with Code Composer Studio, the debugging 
environment we will be using throughout the semester. First you will 
connect the laboratory equipment and test a real-time DSP system with 
provided code to implement an eight-tap (eight coefficient) finite impulse 
response (FIR) filter. With a working system available, you will then begin 
to explore the debugging software used for downloading, modifying, and 
testing your code. Finally, you will create a filter in MATLAB and use test 
vectors to verify the DSP's output. 
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WULENMatunrsunedrarsaussuaswannussn re awa tuman 
Vrswaswuullavartdu daruey aasardiatenugaunrasugnrsseuw 
UseNIanNaAUAIUHAndnaa(DSP)iuuuLsea bua Lael Code Composer 
Studio Farfluanriwuandaud nsuviranrsatin Nae tenaanviawan 
Arsdnwr duusnasiLunrstfausiaaunsainisanmaasuae V1N15 
NAAAUsZUUUseNIanaAdMaA I UAdHAA LUULGHA LNAI TAMMLMS EN 
LAW WadanisAu wasNTATULUL NAwanauauavauwaddrAa (Finite 
Impulse Response: FIR) Wut eight-tap (or eight coefficient) 22AANI¢ 
Wandaniiviataviauarnasasndunrivannuastunrsatinntetunr 
saviulnan waguudas LarnadaulAnasviiy Widnaaiuvaues 
a¥192009NTaGAI MATLAB lax tH test vectors AAVUNAAWNNHAIN 
SLULUSYNIANAAMUAMIMAIDHAA 
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WAAUAIMADHAAUULASHAdHAAaLUAMSNIY TMS320LC54x uasA ( 
evaluation board) HarsiatuasavaauNamasssuulguanrisiulasa 
WAZA INITAAIVAN TAAUANWALATUUAMANTaALMASALITY Code 
Composer Studio (IAtiNwavaANIWUAMdaN ACHtunrsvnMaay Aruuy 
aay uasa DSP Haziilu Spectrum Digital surround-sound module ard 
3714 Crystal Semiconductor CS4226 codec uasantdausauynuuuawr 
aan 2 tavlaxlaviwn WuuaUraandn 6 ¥asnd Ame CD qugiuada 
44.1 kHz uasauseuranadaquimAadnaalsoanrsadaaisAulan 
asta 1uNsa Terminal Emulator AUAUAN I saduuLasasmannrnas 
WIUNIVHLSeAa (Serial) wasn 
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NHNAAIALAIMUGIII4 lLaY LASAV Oscilloscope LNALLAANUNA LUTLIAALU 
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wraretariand BNC siafuatmwnuas Function Generator AUAUWN 
HAINUAIUAIUASHA DSP WINUULHANLAINWNTAINVNUILavaavuad 
VATA INUBAINUNDILAY AAIUAGLASAY Oscilloscope NISLHANKAAUY 


Vuaxlaiviwnarivusu uasMDSP wansavgun 1 [link]. 
Example Hardware Setup 


Oscilloscope Function Generator 


DSP Evaluation Boaud 
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AMaNAITUNISAMGFOT WHUL IANA MAL AVIMUALE 
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Oscilloscope VAGIINGY (HLT ALASAY’ Function Generator bLaz 
Oscilloscope 
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LHLAUUTL DIP WLALIUANAINUA LULNAVIINISLLA MUM A NANNIS Lt 
LASAVAANHALMAS LUMAULIAIANIS 


The Development Environment 


LATMIZANAIUAN LadMANWALMASN IL JTAG (XDS510PP) Nt Code 
° Vy 1 a vy y Co 
Composer Studio tUAAIWLAINAANLAULAv ALAIN LUA CHAI lua 
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Useudana WavAtinidauurasasmanfamas tNaaruAuraaau 
ANIWUAMNAANNHATAUALTZUULs2a LUNN tH wwasSNTATULUUNTAARAL 
aAuawuWadd iaiutmirmindunauiaenarasia lu (ddunaun 3, 4 
lbay 5) UAIWINIST AT eMNAMALAUAVAIINAUAIMANTAGAIELUL 


Bnviant# MATLAB (dui 6 bay 7) (Steps 6 and 7). 


dun 3: Assemble filter code 


fhaUNazVriNIsUAvAnrisuarnaaaulAnuaswaosnsaAsUUUNAWaMaLU 
aAuavanWadd iain vedaviarsuaatsnua lLwddunrtda (Source 
File) hau Arsuusn tate DOS promptuudulartwazasizs lausanas 
TuaiNarAulwad navorinduthvirdaiurtwa filter.asm, coefl.asm, 


coef2.asm, core.asm, bbaY Vvectcore.asm av tulaLsanasiu 


sad niulwvidwurilwa coefi.asm tailuda "coef.asm" waz 
SIUTAN LANHINTAGTIAENISHNW asm filter uw DOS prompt. 

& & Qu a ae . . 

UURAULLIN LUNITTIIUTINUUTINANUANG (coefficients) VasIwIINGAY 
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LUUNAWANAUAUAVANWAAaI IAM (Farnulsn coef.asm) iutirlutu 
So 


‘Wa filter.asm, waahviinisaay lwanaiNaas 1s lWaLamwund 
uurs Annweanuguanrs le tusuuadlwata filter. out. 
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Vn AAN Had 19 LA MUU tAAaNN lama Code Composer AaAIASY 
LNALLAANIWLLIMNAANHCHVANISALNA NaUNIVINIG LNAH LAAMUL de 
HaAIVINATAHGIVLASMDSP (uN processor mode status register 


(PMST). tneinastaan 91N914N15 Debug tutLawwalawuuas Code 


Composer Reset 3191215 Debug tutbawwaLawuuas Code 
Composer 


lavianisfadsuasavasoudr tudan CPU Registers a1nsi8NIs 
View waaadan CPU Register. nisvinduiialiunrsiantiasire 
elAINAIUAVUAIN EL SILLAWWALAHUUAY Code Composer NUAws 
DSP registers 6113") asqvaaaun PMST register JIMA IG ITZAUUNLY 
FFEO tat uas@DSP vire1u lAadreqndas Ara Taiuadirsds 
NAraiutwiaauue 7 PMST register nunrsAanaavasvuUP ride ls 
Wavtuaguiiluaqndastuntiisiis Edit Register Auansduur 


VAIDIINUU LAVIINAG LuAm LWAMANTAINIIUTAN bat WEULALAIS 
\aan Load Program 0191219 File tuviraa tvsimsiea7 DSP 


a VA 


Tun bbavaullAvdnis lan taeibaanRun 91N912N195 Debug menu. 
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aAuWMALa Lun etasnuita LAV INGNANNISUALLUAUIINAISLLU AVAL 
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WUNLUUAUIAAN LUNA IELUUADHMAALLAYLUALUNAU LULLuaulaanan 
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ayouile AUuaduauraantiluAdmnaauar Adnaaluauriaannad tu 
VeundasiusaudrwuasauunrisriundnsriWugiudas 44.1 Alavass 
Lazio aNTaADLUU anti-aliasing filter \Lax anti-imaging filter, 91 
Adu tudanriuununrisiuasanrsaudaaawanninnd 22.05 
Alaase dauvasuuvenndavuasuasatudafluanseuaadu AC 
coupled war WaqNrsadiudquarunseuanse la aintiayalasdu 


uaz lsAAgINUANGWIeNIWAMA US DINAUWNTADHUUSLLAY 


aviwutawmaasnviruaianss auu 
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HUM IUVUIAAIUAIAIINA TY Function Generator tilu 10 Taanainga 
quqawazsiraa war suguaauwaad (pulse) Wiiuquaau lad 
(Sinusoidal) AaNHanauauasariuAuasiansaylaunrsuaduy 
Aqua uauwneruariuaertias av ls@adqwazNaLAdetias 
Arvsuseuu DSP Afdns iavdurily 44.1 Alavass 
VINGaaUAIATINAN AVANISTLATIENMY WVANIsaLATIevANuAl 
UAINAMASIMUUAA HM ( I9dd5NTAN low-pass 1999/50 high-pass 
V3a WATNNTAVULLUL band-pass) Wave.” -6 La®iua (half-amplitude) 
aqadnaaw (usa AqINAGI194) GaraaetenrsduA wUIUUUsaAD 
NlaasuUas oscilloscope WIZ TIANA UUUtATNUTAIDaLLt gael 
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LLASVIGINUUM AUT TUM UD IANASINUMINIATLLAYE IANUANAVIGIIUALU 
°o a [73 a Sa ul [2 

Aan LUumevinArstbaaryNua auuananenuAutulwa coef2.asm. 

Vradauuriuas coef2.asm tLavivaguaariu coef.asm. 


ASTLUANNISLLAALBNUALALNISVAAAUG ANTAUHD LANUUAINAITAVA 
HINA ISUUL1INIT LH ASM prompt LazVAHINTUMAUS IANA LAE 
NISUTeNAanN ANIA LANDINUUHAUNA Step 4. 


VINUUAVINISUIDAAUAIHANTAYD LUNA ILAUAaUMALNA Step 4, 
LLALAIUVAIG ANTAL. -6 LADLUA LHEINISMAAAUTZUUNIAIINANGIIG 
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cm Xt Yy aa a 
Tudumaudilunists MATLAB tWadlasie% NaMNaAUAUAVAIINAAYD 
QQ tv y ° Lt [7 a mas Qu 
HansavuUy] MIEN ISVIA WU AIaANUaANAIIN DSP Luss MATLAB 


vio 


LLALLANIUVUINUAINAHAVAUAIAIINA LauNIs Hara Freqz tu 
MATLAB 


wd coef .asm avvinisiAudnuanasuaswasnsacuuUuNAnanauan 
aVAUWAds AAUUPoetusintuniaarud uu DSP NaN 
sirunis (g1UauNN) Ox100OUavUsaedansae Lanseviinisuaa 
LuNuUauavUsenranaudraAauuansuuada tunrsqaulansuasd 
AsastUFULUUUATTINIULANAAAtacnUrIadUMLaans1uNNIS 
Memory 21N912N195 VLew \Nalilasi2nas Memory Window 
Options navariniulmiuaguar Madd auuariiu Ox1000 wavilaau 
auilu16-Bit Signed Intaan OK tWalilautirirenuaaaady 
Tua IA WaduasAriUd 91 199Haae WAansadArusresa 
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AIING1 Ox1000 WassrIalanésMausnHanAa AlO] aiwnulInuire 
AINA Ox1007. 
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Vasa nid Van rsAUMIANUANslLAwUdUMALSA LlaeunAIs HAD 
aa Ffreqz tu MATLAB LNaasanisHnauaUuaAsUAMaANsAY LUNITLHAN 
ey Av vy vy gy a a4 g 1 1 
AIUA THA AVAT TOLIALMASUAVANUANATU LU MATLAB sada tu 


ASMIUATIZUGINTAIBUA three-tap NNAIANUANEG -10,20,-10 az 
vo we ew ' a 
aquasatsardenis MATLAB augia Lua 


i ale) ee) eae 
e plot(abs(freqz(h) ) ) 


avaatna ladiasdagarstaaias LUAsLUAA suLLinuiIAIINN 
4 ' eg a aS 
Qx1000 fu Ox1007 astudianuana h. 


TAdutiadanaiwdawMau wanismauauavain MATLAB fAuNanns 
VMaasiautt MATLAB tutiluadirsls Aa tanvirtdnan lasusiiAu 
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MATLAB script aeqniAuls tid msuAUNGAINISUTUtHhUuBuIns 
TUNITWENU code 6194 ANG IAL TLL script NIH CuNrIstUsNAN 
coefficient 7WW1UN19NTAGIIN MATLAB thad tugunaiuasady lu ts 
Tutusauuad Assembly laviunilag linasiuWdanartalutua (az 
i<f o 1 ev ° . ° . s 
Uuuse lawdadi ind sunrsy filter dauIWNIN) Script UIAIU 
TIZONAMGFNULAANWAMATSUAIAMLILUTALWAD Las LULITWAIUAM 
aainrsaluaraidluan laainavanwans b4 


°o ga 


TudiuuUsAtMt® MATLAB a419 eight-tap filter wUuUAaNTaunuWarde h 


= gen_filt; vintutivinistiufinaiwatmasuavanuanie 
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ATAIRINISNNWA IAG 


save_coef('coef.asm', flipud(h) ); tnaariauesza thu ta 


IrlwWavdugntiunnadnlarsanasuavam (script ANszViIWsA tus 
NariauuAa gen filt.m thaxsave coef.m.) 


Script vas MATLAB aeVinrastiuvindrratnas A was coefficient tu 
LWanriundetals tunsdliida coef .asm. Tusmset0d A wasraALA 
asduvananantiuainiuasgqnndudiau tuda araasduuana h fag 
tunciraeAIINd AG DSP sirius Ox1000 aude Ox1007 Hudrdu 
avQnau 


a vy a yy 
AaAUAMAIVAZAAN re-assembly LavUseNIana LAAN LH LUNIsNsad 
tun Taevianwausaun 5Step 5. 


THA ILNAHII7 LUUUENAM LuANGaNsaY Ga luALd TUNE 
aqua tusiaunis Ox1000 Hs Ox1007 Hudnrswagduuvas 
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‘laWevaMainisagtiayanad tunuwgawdindiuas DSP siqusaatin 
LLciAuAua NITALUALUA Mag CUnUIAAIING WU LHANKIAA AML 
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aaNisavir le laeinas double-click AsdrwuisnAMMAINIT ZINUUAMA 
aN rsaviinrsiuaeue loan pop-up window 


LUALUAINAg LUNUIEAIINAL HILLGIGI TLV Ox1000 aUuAY Ox1007 


LWa tua aAMAAaUAUM ANIA 
Equation: 


h|n] = 81926(n — 4) 


AIMUAA scaled \Lay delayed version tHALAUWN #3kN#I7 DSP daz 
Vanrsuuaanrvnuniaea rds iuruwauaad 8192 twad tuguaad fractional 
42191170 integer LUnIsA24 32,768 (Lula integer NAA Ninna 
Aiululéty 16-bit register UL two’s complement) NAAWSNAANIA” 
an delayed 61281 4 sample Wax scaled NasAMTIAI 1/4. ANITA 


TAN ALNNLAN LULSAINITULUAVLAUUAD DSP L607N Two's Complement 
and Fractional Arithmetic for 16-bit Processors. 


ry alo a 1 og a < yo y y vo yy 
VATIINAVINISIUALUAIANUseaANaATUMG LLUMGaALAD CuviINAsSU 
filter AAtva Lae th lH oscilloscope tunIsIMAI delay MAANIUTENAIS 
AUWMILALAAUNAAWSMAIUAITNTAILA 2 


azlAmay lsTununaawan Lad iamvanisiuaEuUA scaling w3a AI 
delay? 413 six-sample delay WuNAIINEVAIUIN? 
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IuUUUAAMAqAIAn Aue LAwadwdern DSP divduaiauwn fan 
ArvuATaAE test vector DINUUAZMINISLUSAULMAUAAAWSN LAaIN DSP 
Aunadweénlaéeinnrs v1 MATLAB simulation way filter processing 
Taut# duwnaeau a1 DSP gn implement asiraqgndasnadwan Ade 
InALAuonsaaraaeivir7Au NanaeVainisnaaaudenarn Mauasyrs 
As IWAAUAUT MATLAB a1NwuMtUAALiL test vector FINUUT 
Vanisusen dana DSP filter Taeitd test vector MUNA input ila 
LasauUaatviINIS import HAAWALT TUT MATLAB thaluseurnauna 


duUMaAUUIn tunis ts test vector AAanrsas AKA UaAUWNTLNN Ie 
aN MisudenarnasavitlAda nristdaAdtu sweep (available as 
sweep.m) ALAAAUME Na IWUAIAIING DINMU HAAG 
save_test_vector (available as save test_vectorm tuvianisiurin 
Tatu lwWanozirlutdoia tua uuagnisyi1 DSP 


@310 sinusoid sweep lazVaNrstiusin Miu DSP test vector LWanIAD 
eyo. | 
avgia Lud: 


>> t=sweep(0.1*pi,0.9*p1,0.25, 500); 
% Generate a frequency sweep 

>> save_test_vector('testvect.asm',t); 
% Save the test vector 
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n+m-—1, where n Aa UUIMAUAY filter LAY m AAUUIMNUAS input) AM 
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AITIZLAULLA 500 element LLIN LULIALMASHAAWH 


>> out=conv(h,t) 
% Filter t with FIR filter h 
>> out=out(1:500) 
% Keep first 500 elements of out 


Junaultavranrisunlatulud Filter .asm Wafaxt# “test_vector” 
1 core file vectcore.asm. UNUNIeFuUtiayaain A/D converter WAras 
dananadwe Lut D/A Core file az4u input az tiuyin output Lune 
AI1NI1UAaG DSP TaeiN test vector iuavaniiuadn evaluation board 
qlaa DSP Faae laleiavAdwiutuasuuaslusunsuuactiayaan 


Note:The test vector degninuad tudaudasd .etext ai sANIdaNa 
LWNLAN LUAIUUAINISLUINUIAAIING UAV DSP sANVNGAISVII 


memory mapping 1607N Core File: Introduction to Six-Channel Board for 
TLEVM320C54 


Tu memory block A?#t Au test vector WusuwiAtMajwaNastAULIALHAS 
Niuuratuajas 4000 element TneaetAutest vector Ved MS VAUWMbLAY 
LaIvwuns 6 channels 


lunrsuseuaana lusunsNaiwdsu test vector 1 azdasluvianasunA 
filter.asm. Imei assembly source urfiuriels text LWA fama 
Vi1N15 edit LATAat# editor AINNAMéaGN1S LeU WordPad, Emacs, 
lbae VI TavianasuAnussvausnuas lwaatn 


. COpy "core.asm" 


. COpy "testvect.asm" 
. COpy "vectcore.asm" 


TaatnnazrdawUiIuad . copy Uudaesian ta directive 


AISA uUUAVavdeHAAL test vector MAMAS WAUULALAINAITALAAN 
t# core LWARNINAGAINIT NAVIINAVIANISUA LU code LAT ALSAUTAL 
LLAd LUVIINAS assemble , LuaM LLAITU LWA LAe Lt Code Composer 
luflaunauntid vdsarneiaulu 2-3 IurH Wavianas nyanrsvive.w 
aay DSP (#10 Halt Masinreté Debug menu) aniuthasyg?r 
DSP ‘Léiveiavire71un branch statement f branch LUM auastuLas a7N 
vi419a disassembly window Us3Vin: 0000:611F FO73 B 611fh ae 
an highlight 


arnuutaviranrstiufin test output Waudaianrstuannaudtirg 
MATLAB #aawasavirlAlmenrstiusin 3,000 memory element ( 6 
channels @aé\241 500 samples) Tasnnsiiunis Ox8000 itunirel 
ANU UATUsUNTN VILA TAaLaan File->Data->Save... flag 
tus Code Composer Studio tHtatalwatiiu output .dat warna 
Enter a1niutntaar Ox8000 tusas Address field uas Dialog Box 7 
waned, tx 3000 tudias Length field tHtaan Program o1n drop- 
down menu Aa lui Page ynasenvinistiufinnadwddasnszagirte 
ta length Agndas (6 AuAIUUIMUAS test vector) 


diuqavire tu tiaras read_vector (available as read_vector.m) ilu 
Ardent tunisa uNaawaniuvinad tu MATLAB aquasavir le tae 


a o we ' aX 
ANWAAuGiA LUG: 


>> [ch1, ch2] = 
read_vector('output.dat'); 


a a Vel [<J ' ais a 
nauunanlaaa chi aztuAr test_vector NA1UN19 filter Was test 
signal MaMa WAY (udMeN Ch2 UuArsoz (nalALensannNaunu 
chi tilunaawéaleain DSP 


Note:n19M ch2 was chi lauufauAduduriluwwse quantization error 
tunrsiiuyin test vector AINSU VUIBAIING LULU 16-bit 


vasainnviinas \uannaawewasnrsnsas (calculated as out above) 


LWaVviINIsbUseuULNAUNANL (in Chi from above). b31f0aINITAUVN 


Cy) oa vy Vv a a =a < ° Vu = 
WaAwan lavias Ns WiNAMUsAULNAL RIA Ns AVI Law: 


>> plot(out,'r'); % Plot the expected 
Curve in red 

>> hold on % Plot the next plot 
on top of this one 

>> plot(chi,'g'); % Plot the expected 
Curve in green 


>> hold off 


AMILHAINTIA MULL oT HAAWSNVAAIUUS UNULAAULUAUA Fo 
AINA AVI LAAINISAS VNIINAAGIIVUAIVUAAULIALHAS: 


>> plot(out-ch1); % Plot error signal 


YAMIewuI WaawsvisaadaaANNwiIsAUALWI1e DSP 7% 16-bit 


precision tuNISAIUIM LuUMeN MATLAB t% 64-bit floating point 
numbers for its arithmetic 


vy ey ' a a y aad & oy 
THAINATINISLUSAULNEUAATIALHASHIAIAUUL LIALMASViVAAY 


arsazAuuiawirAussauasan mua laaindrde tu MATLAB 
out=out(1:500) above. 


FIR Filtering: Exercise for TI TMS320C54x (Thai Version) 


Introduction 


<2 yu xX aad =a . vy 
TULUUANUAL wAAUIANISLTEY FIR filter NENIT CHAI ALA ALO NU 


a a vy a XY aAgY a ‘ 
Ava DSP BNMUaINWAAUANUANUG UN THLaeu FIR filter aan LWA 


filter.asm. 
Ffilter.asm 


1 .copy "core.asm" ; Copy in core file 

2 ; This 
initializes DSP and jumps to "main" 

3 

4 FIR_len .set 8 ; This is an 8- 
tap filter. 

5 

6 .sect ".data" ; Flag 
following as data declarations 

7 

8 .align 16 ; Align toa 
multiple of 16 

9 coef : 
assign label "coeff" 

10 .copy "coef.asm" ; Copy in 
coefficients 

11 

12 .align 16 

13 firstate 

14 .Space 16*8 ; Allocate 8 
words of storage for 

alls ; filter state. 

16 

17 .sect ".text" ; Flag the 
following as program code 

18 main 

19 ; Initialize various pointers 

20 stm #FIR_len, BK ; initialize 
Circular buffer length 

21 stm #coef, AR2 ; initialize 
coefficient pointer 

22 stm #firstate, AR3 ; initialize 


state pointer 
23 stm #1, ARO ; initialize 


ARO for pointer increment 


24 

25 loop 

26 ; Wait for a new block of 64 samples to come 
in 

27 WAITDATA 

28 

29 ; BlockLen = the number of samples that come 
from WAITDATA (64) 

30 stm #BlockLen-1, BRC ; Put 
repeat count into repeat counter 

31 rptb endblock-1 ; 
Repeat between here and 'endblock' 

32 

33 ld *AR6,16, A : 
Receive chi into A accumulator 

34 mar *+AR6(2) ; Rev 
data is in every other channel 

35 ld *AR6,16, B ; 
Receive ch2 into B accumulator 

36 mar *+AR6(2) ; Rev 
data is in every other channel 

37 

38 ld A,B : 
Transfer A into B for safekeeping 

39 

40 ; The following code executes a single FIR 
filter. 

41 

42 sth A, *AR3+% ; store 
Current input into state buffer 

43 rptz A, (FIR_len-1) ; clear 
A and repeat 

44 mac *AR2+0%, *AR3+0%,A =; 
multiply coef. by state & accumulate 

45 

46 rnd A ; Round 
off value in 'A' to 16 bits 

47 

48 ; end of FIR filter code. Output is in the 
high part of 'A.' 

49 

50 sth A, *AR7+ , Store 
filter output (from A) into chi 

51 sth B, *AR7+ , Store 
saved input (from B) into ch2 

52 

53 sth B, *AR7+ , Store 


saved input to ch3...ch6 also 


54 sth B, *AR7+ ; ch4 
55 sth B, *AR7+ ;-¢hs 
56 sth B, *AR7+ ; 66 
57 

58 endblock: 

59 b loop 


filter.asm azvVi1ni1s tH FIR filter AUGUWA channel 1 1 WAIWIINGG 
aonaawan lo Luge channel 11 weauAuas AuWMN LUE channel Mi 2 


°o a 


AIGULLSN #319 workin directory qasAMaun network drive Aansulwa 
Haz HuuuLelAvAD viniiurvianrs copy filter.asm waz core.asm ‘LuL4 
u directory Nas du aT aUAsItA tH MATLAB 319 20-tap FIR filter 2 
Au filter dausn Asn Ud UAAarwwa sausi 4 kHz Ae 8 kHz; aay 
filter daaay th WIUAqAlTUAIING 8 kHz Ae 12 kHz 414 filter va 
aaa WH 1 kHz transition band AyNsuwas filter passband tunrsa410 
filter WIN AIsazuUAN band edge Whi Aya MATHAA IneMeu 
91 44.1 kHz sample rate VayseUU VINUUIMTHAIAG MATLAB remez 
tunisad1s filter; aAIVAAUHNW help remez d1vsu s1HaAvlAAMUAY 
nrstHArde war tarde save_coefsave filter usiavsamuar LWA 
(ASIIANAU save IIAVANISNAULIALHAS WAN filter coef LSz1UFazI 
bb) 71015 save filter tuguadad MATLAB matrix #174 INsIZAMAZHAN 
LHaunrandstunrsasys test Laatmas ArSNraTAVTLA HAE VHA Ia~ 
save tu MATLAB thatasarsausaguadr ta teArds Freqz tunis 
a319 frequency response tuuuéiae filter 


Part 1: Single-Channel FIR Filter 


Arvnsumauiqmaeviinrs implement te filter At 4 kHz 0 8 kHz 
passband wvirtiu. wala Filter.asm wate coefficient Avs filter 69 
a 

adi alan Ls1az 7H FIR filter wuIM 20 LANTa 8 TuNULAAYAL avtiuan 
avfaatuaeu FIR_lLen tilu 20. FIR_len Inet directive .set 4 
A1N190 set A7 Leilwel assign Ars aLautw FIR_len .set 20. 


dunaas, AUazHadulad7 . copy directive copy A coefficients Han 
av. UAguta LWA Luda LWAankAUa dad coefficients NUHAIMSL 
filter MALIN 


ainuutwvianrisuAlbyu .align tax .space directives 61199 NIN 
AWINGUN IWAN. TI TMS320C54x DSP aut circular buffers, Wa t% 
a14u FIR filter coefficient ay state buffers, Fagn set TUmsuAuy toe tv 


address LNGU Lue rIaATAVvaAN so that they begin at an address that is a 
multiple of a power of two greater than the length of the buffer. Since you 
are using a 20-tap filter (% 0 t%# 20-element state tLay coefficient Uwiwas), 
the next greater power of two is 32. aviuamerdagviiniséeAr address 
qlasvi state Lae coefficient Ywiwas tiud uaurvirauas 32 (16-element 
(iwiwWasazdavansuar thud uauiirdas 32 tauAu) Faanasa 
VaTagtidrde align uansininuaariudrde dasqnaaslatn 
state Twiwasdire VILA Tae te directive . space #savSud1uI4u bits 
dawdannndasnis . axkuarmhaunrs ba 20 word aehautt 


directive .space 16*20 murazirstiie te 


1 .align 32 % Align to 
a multiple of 32 


2 coef .copy "filteril.asm" % Copy FIR 
filter coefficients 


3 

4 .align 32 % Align to 
a multiple of 32 

5 state .space 16*20 % Allocate 


20 words of data space 


LbA Lu code, 69a PMST Llu OXFFEO, reset DSP, WA run. 09I9AI1 AN 
AIINANHANAL NIUugnsiad navaINNUUtaI code Vi1sIUlHANsAS 
baa taLsudtusia lu 


Part 2: Dual-Channel FIR Filters 


qULLsn, Las19 copy wav Filter.asm Nanvanrasun la weurag 
vy a °o 1 °o ry a LA 
LLAd DIN LWA Part 1. CH LWA uUAISVIIVIU aLIVIANASELA bY filter 10% 
i vy a vn ew a a ew 
HAUNT LWIIZdeH NIT CH filter AIAANAN CUNIANAY 


arinitu, WanasuAla code pafazvinisas output LUM filter éauen 
(i221 passband 4 kHz 9 8 kHz ) 7 output channel 1 waroutput ALATA 
pi1U filter Lugs output channel 2, a9 output 27° filter Awaas (A 
passband 8 kHz 4012 kHz ) Lule output channel 3. Whaunazvirieiu lade 
“NAN amazdavle .align waz .copy Araetunrs load yauas 
coefficients qanaad ‘Luisa data memory. uanainiazdasinuards iia 
initialize A71Ua9 pointer tH Luss coefficients AANAAI LavAIUIMA 
2H filter saNaas 

Exercise: 


Problem: 
Challenge Problem 


@MaAINI90 implement dual-channel system Toe lai t# auxiliary 
registers AR4 baz ARS Laivsala ? Va lududeaanndiund ? 119 
Luasuta AR4 tas ARS Inet .asg fair liu! 


ns tH#inaavinare tu DSP Development Environment: Introductory 
Exercise for Tl TMS320C54x, \Wauas1s test vector wae output n 
saunrs Munrwaw tu MATLAB. tbaenis ts test-vector core file 7 
4104007N DSP Development Environment: Introductory Exercise for TI 
TMS320C54x, winAaWsa NseUUlMEeNIT TE test vector f us MATLAB 
Wvianrsas rons wa rinwaawsosuacHawsnaradrurdetAa a1nvie 
Aad filter Lae Hai WD INNAAWEvivdan VI luWAaWsALAM|IN DSP Ay 
“aiuviniunadwéiiein MATLAB ? 


Part 3: Alternative Single-Channel FIR Implementation 


ANVAGLAANULAINIUNNS implementing symmetric FIR filters Lael t# 
Alaa firs instruction. tb lu code a1n Part 1 Wa implement filter 72% 
passband 4 kHz to 8 kHz tnet® firs. 


qausngiiwaavusenis (un15 implementation 32710 code 27N Part 1 


aw code amaxdaadeau diusudwud Aa (1) the firs Aidvilae 
Vi12H coefficients AN locate tuaIUUAS program memory WNUNe TH 
data memory, thaz (2) firs azvi1 tH states qnuenaantily av circular 
buffer. A1sHve1n firs Araeuu 147 4-59 Yu @ila Mnemonic 
Instruction Set FellVies as urauardaadirwarste w1i74-5 aud 4-8 


213 Applications Guide A1w1ndaanrstiayaWNLAN (Volumes 2 and 4 
respectively of the TMS320C54x DSP Reference Set). 


ARO HaAVQNHIA Wy -1 anaes tH lusunsuvreulHanmas Vi? 


Note:COEFF tilugiasz191 coeffients AI luUnaeQn vam? tutu 
program memory. 2108001N A1aaUIEUAY Firs AMsuUANANN 


L61N). 

1 mvdd *AR2, *AR3+0% F 
write x(-N/2) over x(-N) 

2 sth A, *AR2 ; 
write x(0) over x(-N/2) 

3 add *AR2+0%, *AR3+0%, A : 
add x(@) and x(-(N-1)) 

4 i 
(prepare for first multiply) 

5 

6 rptz B,#(FIR_lLen/2-1) 

7 firs *AR2+0%, *AR3+0%, COEFF 

8 mar 2222222 : 
Fill in these two instructions 

9 mar 2222222 fp 
They modify AR2 and AR3. 

10 

11 ; 
note that the result iS now in the 

12 


B accumulator 


a xX Se ° vio 
Lavan LuMAUH states LLay coefficients azqnuawatdsiqain FIR 
ATIINAU, AvMUasHaAIVINASUA LU A1610GUUAN pointer 


1 stm #(FIR_len/2),BK : 
initialize circular buffer length 

2 stm #firstate_,AR2 
initialize location containing first 

3 i 
half of states 

4 

5 stm #-1, ARO ; 
Initialize ARO to -1 

6 

7 stm #firstate2_,AR3 ; 


initialize location containing last half 


tf test-vector Tu LWaudn WNanrinAadwsarinseuL Wax tH test-vector 12 
LaeaAu NMaAAUAU two-filter system. LUFaULMAUNAaWSUAd filter 4 AU 
filter ign implement Tazt# Ar1demac Nadwéludlausunga la? vitla 
ludlauntaviila tainiau? asratMuutedwadwaégnae lu Hi channel 
1, ae WAAWaM LTA an filter LUM output channel 2. 


FIR Filtering: Exercise for TI TMS320C54x (Thai Version) 


Introduction 


<2 yu xX aad =a . vy 
TULUUANUAL wAAUIANISLTEY FIR filter NENIT CHAI ALA ALO NU 


a a vy a XY aAgY a ‘ 
Ava DSP BNMUaINWAAUANUANUG UN THLaeu FIR filter aan LWA 


filter.asm. 
Ffilter.asm 


1 .copy "core.asm" ; Copy in core file 

2 ; This 
initializes DSP and jumps to "main" 

3 

4 FIR_len .set 8 ; This is an 8- 
tap filter. 

5 

6 .sect ".data" ; Flag 
following as data declarations 

7 

8 .align 16 ; Align toa 
multiple of 16 

9 coef : 
assign label "coeff" 

10 .copy "coef.asm" ; Copy in 
coefficients 

11 

12 .align 16 

13 firstate 

14 .Space 16*8 ; Allocate 8 
words of storage for 

alls ; filter state. 

16 

17 .sect ".text" ; Flag the 
following as program code 

18 main 

19 ; Initialize various pointers 

20 stm #FIR_len, BK ; initialize 
Circular buffer length 

21 stm #coef, AR2 ; initialize 
coefficient pointer 

22 stm #firstate, AR3 ; initialize 


state pointer 
23 stm #1, ARO ; initialize 


ARO for pointer increment 


24 

25 loop 

26 ; Wait for a new block of 64 samples to come 
in 

27 WAITDATA 

28 

29 ; BlockLen = the number of samples that come 
from WAITDATA (64) 

30 stm #BlockLen-1, BRC ; Put 
repeat count into repeat counter 

31 rptb endblock-1 ; 
Repeat between here and 'endblock' 

32 

33 ld *AR6,16, A : 
Receive chi into A accumulator 

34 mar *+AR6(2) ; Rev 
data is in every other channel 

35 ld *AR6,16, B ; 
Receive ch2 into B accumulator 

36 mar *+AR6(2) ; Rev 
data is in every other channel 

37 

38 ld A,B : 
Transfer A into B for safekeeping 

39 

40 ; The following code executes a single FIR 
filter. 

41 

42 sth A, *AR3+% ; store 
Current input into state buffer 

43 rptz A, (FIR_len-1) ; clear 
A and repeat 

44 mac *AR2+0%, *AR3+0%,A =; 
multiply coef. by state & accumulate 

45 

46 rnd A ; Round 
off value in 'A' to 16 bits 

47 

48 ; end of FIR filter code. Output is in the 
high part of 'A.' 

49 

50 sth A, *AR7+ , Store 
filter output (from A) into chi 

51 sth B, *AR7+ , Store 
saved input (from B) into ch2 

52 

53 sth B, *AR7+ , Store 


saved input to ch3...ch6 also 


54 sth B, *AR7+ ; ch4 
55 sth B, *AR7+ ;-¢hs 
56 sth B, *AR7+ ; 66 
57 

58 endblock: 

59 b loop 


filter.asm azvVi1ni1s tH FIR filter AUGUWA channel 1 1 WAIWIINGG 
aonaawan lo Luge channel 11 weauAuas AuWMN LUE channel Mi 2 


°o a 


AIGULLSN #319 workin directory qasAMaun network drive Aansulwa 
Haz HuuuLelAvAD viniiurvianrs copy filter.asm waz core.asm ‘LuL4 
u directory Nas du aT aUAsItA tH MATLAB 319 20-tap FIR filter 2 
Au filter dausn Asn Ud UAAarwwa sausi 4 kHz Ae 8 kHz; aay 
filter daaay th WIUAqAlTUAIING 8 kHz Ae 12 kHz 414 filter va 
aaa WH 1 kHz transition band AyNsuwas filter passband tunrsa410 
filter WIN AIsazuUAN band edge Whi Aya MATHAA IneMeu 
91 44.1 kHz sample rate VayseUU VINUUIMTHAIAG MATLAB remez 
tunisad1s filter; aAIVAAUHNW help remez d1vsu s1HaAvlAAMUAY 
nrstHArde war tarde save_coefsave filter usiavsamuar LWA 
(ASIIANAU save IIAVANISNAULIALHAS WAN filter coef LSz1UFazI 
bb) 71015 save filter tuguadad MATLAB matrix #174 INsIZAMAZHAN 
LHaunrandstunrsasys test Laatmas ArSNraTAVTLA HAE VHA Ia~ 
save tu MATLAB thatasarsausaguadr ta teArds Freqz tunis 
a319 frequency response tuuuéiae filter 


Part 1: Single-Channel FIR Filter 


Arvnsumauiqmaeviinrs implement te filter At 4 kHz 0 8 kHz 
passband wvirtiu. wala Filter.asm wate coefficient Avs filter 69 
a 

adi alan Ls1az 7H FIR filter wuIM 20 LANTa 8 TuNULAAYAL avtiuan 
avfaatuaeu FIR_lLen tilu 20. FIR_len Inet directive .set 4 
A1N190 set A7 Leilwel assign Ars aLautw FIR_len .set 20. 


dunaas, AUazHadulad7 . copy directive copy A coefficients Han 
av. UAguta LWA Luda LWAankAUa dad coefficients NUHAIMSL 
filter MALIN 


ainuutwvianrisuAlbyu .align tax .space directives 61199 NIN 
AWINGUN IWAN. TI TMS320C54x DSP aut circular buffers, Wa t% 
a14u FIR filter coefficient ay state buffers, Fagn set TUmsuAuy toe tv 


address LNGU Lue rIaATAVvaAN so that they begin at an address that is a 
multiple of a power of two greater than the length of the buffer. Since you 
are using a 20-tap filter (% 0 t%# 20-element state tLay coefficient Uwiwas), 
the next greater power of two is 32. aviuamerdagviiniséeAr address 
qlasvi state Lae coefficient Ywiwas tiud uaurvirauas 32 (16-element 
(iwiwWasazdavansuar thud uauiirdas 32 tauAu) Faanasa 
VaTagtidrde align uansininuaariudrde dasqnaaslatn 
state Twiwasdire VILA Tae te directive . space #savSud1uI4u bits 
dawdannndasnis . axkuarmhaunrs ba 20 word aehautt 


directive .space 16*20 murazirstiie te 


1 .align 32 % Align to 
a multiple of 32 


2 coef .copy "filteril.asm" % Copy FIR 
filter coefficients 


3 

4 .align 32 % Align to 
a multiple of 32 

5 state .space 16*20 % Allocate 


20 words of data space 


LbA Lu code, 69a PMST Llu OXFFEO, reset DSP, WA run. 09I9AI1 AN 
AIINANHANAL NIUugnsiad navaINNUUtaI code Vi1sIUlHANsAS 
baa taLsudtusia lu 


Part 2: Dual-Channel FIR Filters 


qULLsn, Las19 copy wav Filter.asm Nanvanrasun la weurag 
vy a °o 1 °o ry a LA 
LLAd DIN LWA Part 1. CH LWA uUAISVIIVIU aLIVIANASELA bY filter 10% 
i vy a vn ew a a ew 
HAUNT LWIIZdeH NIT CH filter AIAANAN CUNIANAY 


arinitu, WanasuAla code pafazvinisas output LUM filter éauen 
(i221 passband 4 kHz 9 8 kHz ) 7 output channel 1 waroutput ALATA 
pi1U filter Lugs output channel 2, a9 output 27° filter Awaas (A 
passband 8 kHz 4012 kHz ) Lule output channel 3. Whaunazvirieiu lade 
“NAN amazdavle .align waz .copy Araetunrs load yauas 
coefficients qanaad ‘Luisa data memory. uanainiazdasinuards iia 
initialize A71Ua9 pointer tH Luss coefficients AANAAI LavAIUIMA 
2H filter saNaas 

Exercise: 


Problem: 
Challenge Problem 


@MaAINI90 implement dual-channel system Toe lai t# auxiliary 
registers AR4 baz ARS Laivsala ? Va lududeaanndiund ? 119 
Luasuta AR4 tas ARS Inet .asg fair liu! 


ns tH#inaavinare tu DSP Development Environment: Introductory 
Exercise for Tl TMS320C54x, \Wauas1s test vector wae output n 
saunrs Munrwaw tu MATLAB. tbaenis ts test-vector core file 7 
4104007N DSP Development Environment: Introductory Exercise for TI 
TMS320C54x, winAaWsa NseUUlMEeNIT TE test vector f us MATLAB 
Wvianrsas rons wa rinwaawsosuacHawsnaradrurdetAa a1nvie 
Aad filter Lae Hai WD INNAAWEvivdan VI luWAaWsALAM|IN DSP Ay 
“aiuviniunadwéiiein MATLAB ? 


Part 3: Alternative Single-Channel FIR Implementation 


ANVAGLAANULAINIUNNS implementing symmetric FIR filters Lael t# 
Alaa firs instruction. tb lu code a1n Part 1 Wa implement filter 72% 
passband 4 kHz to 8 kHz tnet® firs. 


qausngiiwaavusenis (un15 implementation 32710 code 27N Part 1 


aw code amaxdaadeau diusudwud Aa (1) the firs Aidvilae 
Vi12H coefficients AN locate tuaIUUAS program memory WNUNe TH 
data memory, thaz (2) firs azvi1 tH states qnuenaantily av circular 
buffer. A1sHve1n firs Araeuu 147 4-59 Yu @ila Mnemonic 
Instruction Set FellVies as urauardaadirwarste w1i74-5 aud 4-8 


213 Applications Guide A1w1ndaanrstiayaWNLAN (Volumes 2 and 4 
respectively of the TMS320C54x DSP Reference Set). 


ARO HaAVQNHIA Wy -1 anaes tH lusunsuvreulHanmas Vi? 


Note:COEFF tilugiasz191 coeffients AI luUnaeQn vam? tutu 
program memory. 2108001N A1aaUIEUAY Firs AMsuUANANN 


L61N). 

1 mvdd *AR2, *AR3+0% F 
write x(-N/2) over x(-N) 

2 sth A, *AR2 ; 
write x(0) over x(-N/2) 

3 add *AR2+0%, *AR3+0%, A : 
add x(@) and x(-(N-1)) 

4 i 
(prepare for first multiply) 

5 

6 rptz B,#(FIR_lLen/2-1) 

7 firs *AR2+0%, *AR3+0%, COEFF 

8 mar 2222222 : 
Fill in these two instructions 

9 mar 2222222 fp 
They modify AR2 and AR3. 

10 

11 ; 
note that the result iS now in the 

12 


B accumulator 


a xX Se ° vio 
Lavan LuMAUH states LLay coefficients azqnuawatdsiqain FIR 
ATIINAU, AvMUasHaAIVINASUA LU A1610GUUAN pointer 


1 stm #(FIR_len/2),BK : 
initialize circular buffer length 

2 stm #firstate_,AR2 
initialize location containing first 

3 i 
half of states 

4 

5 stm #-1, ARO ; 
Initialize ARO to -1 

6 

7 stm #firstate2_,AR3 ; 


initialize location containing last half 


tf test-vector Tu LWaudn WNanrinAadwsarinseuL Wax tH test-vector 12 
LaeaAu NMaAAUAU two-filter system. LUFaULMAUNAaWSUAd filter 4 AU 
filter ign implement Tazt# Ar1demac Nadwéludlausunga la? vitla 
ludlauntaviila tainiau? asratMuutedwadwaégnae lu Hi channel 
1, ae WAAWaM LTA an filter LUM output channel 2. 


Lab 2: Theory 
A sample-rate compressor removes (D-1) of every D input samples. A 
sample-rate expander inserts (U-1) zeros after every input sample. 


Introduction 


JuUUUAAMAL amar lésaus AaAunadasnrste multirate 
processing Ladiay (seu tu [link]. sample-rate compressor (| (D)) tu 
block-diagram avVi1N19A719HAG7 _D — 1 wasun4 D input samples, tu 
ue sample-rate expander (7 (U)) azifiuar U — lgudindsarinuny 
input sample. Tani compression tLae expansion factors set Huan 
Laganu( D = U), filters FIR 1 thay FIR 3 agviqwaUn sample rate F’,, 
UUeN filter FIR 2 devi197UM lower rate wae 4. 


In 
Out 
st) ee }-+{4o) (te) [aes i 


Net multirate system 


Tunrdnad ames Lo implement ZULLLAYAIUAN compression bay 
expansion factors tuut@e runtime #4 interface NAH QruaevaINaASA 
vi1N13 disable filter sa2adMiovsavenueiWaviinas Anunansenu 
ua multirate. tMse1J71 FIR litaz FIR 3 Vidae ls waswadetiuasdiels 
A7lail filter Veaas 


Lab 2: Prelab (part 1) 
You will work through an example problem that explores the effects of 
sample-rate compression and expansion on the spectrum of a signal. 


Multirate Theory Exercise 


#191501 sampled signal Nfl DTFT X(w) wanes tu [link]. 


X(w) 


—i3r —29r —7 
14 g 18 


‘als 


DTFT %a¥ input signal. 


ANNAIIAssuming U = D = 3, Had INAaANWuUds9NAII S2NI10 DTFT 
wad signal AAULLAY VAY sample-rate compression bLa¥ expansion ([Link] 
and [link]) \as1907 DTFT response Wav signal Aeiruvdaseuu 
multirate Was [link] (Tneius1691N15 filtering). 57NV9 intermediate 
response W(w) tbaz final response Y(w). tase 3aIINISUUAGAIVIN 
digital frequency w Liu analog frequency aj vwaeiNuA sampling rate. 
avilunrsuuavar SouansirsAudiuy X(w) wae W(w). 

Equation: 


Equation: 


Multirate System 


Multirate Filtering: Filter-Design Exercise in MATLAB (Thai Version) 


Filter-Design Exercise 


T8968 zero-placement , AANWUU FIR filters A1W4U multirate system tu 
Multirate Filtering: Introduction. tutinée z-transform 7 Hawwerauad 
FIR filter - Nil polynomial tugu 21, Vein polynomial 60nd 


AINISALeNAIWUseNaU laLludiuaL N-1 
Equation: 


H(z) = hothiet+hoz?+--- 


= (4-27) (2-27}) (z3-z7))--- 


VHaaINANWUs Ltunrsaanwuu low-pass filter (@14U anti-aliasing 
LLax anti-imaging filters Wav the multirate system) Tagnrsunun complex 
zeros Vid 12 aUw unit Circle H + (22), +(3), + (3), + (32), +(), 
wae +(7). Filter Maanuuuladiahoxainrsa te Lavuvie FIR 1 wae 
FIR 3. A14u filter FIR 2 (operating at the decimated rate), ¢% equally- 
spaced zeros 4613 UL unit circle AsiauuUs +(£) wae +(37). aeinay 
USA resulting filter coefficients \WaTHUUtII107 gain ae LaLAUAr 
exceed one at any frequency. 


AANWUL filter VAVAM LHeiNnrsieu MATLAB script WaRIUIMUMA 
filter coefficients 17NQM zero location Nt%4U. MATLAB function 


°o a 


polyasdaalo (hinWaId1 help poly tWaltsausitanis thera 


u 


\Namauaan coefficients Nav (H#AIuSU filter Leiba, C#% MATLAB 

function freqz tunisa419N91W frequency responses. AMAZWUI %I9 
5 1 aa: . «a ° yy ' 

frequency response Ua filters LAAIUN HII gain VNIN. VINIGUSUAN 


resulting filter coefficients tWatvuLutad A frequency gain ANINNAAN 


q 


ArwaAIATI NaaAlLNIAU Vid Laeviinisv1SA coefficients AIAN 


LUN Ivan 1 frequency responses NlLansAUNAIA LIvnsa LN LALava_IN 
siruwuris audi tu z-plane? 


Multirate Filtering: Implementation on TI TMS320C54x (Thai Version) 


Implementation 


AAUNILLSN implementing ssUUMINUAMMINLAVAE lu Multirate 
Processing: Introduction vathamvinisaanwuUussuUun yauad filters 
FIR 1 thay FIR 2 71H sample-rate compressor W3a expander Naw. V71N 


iu taviinrs verify 316 1716901N two-filter system Uugnwasnsa Lal 


a a vy 


ilavsausaauada AathSuviin1s mplement szuU multirate WeNNA WAI 
Vi1N14 verify HAAWH LumaAuLLSN tut fixed compression bLaY expansion 
factors dav D = U = 4. sia ll qmavarnrisaaqwan factor Hamad 
MATLAB interface; aginantdaulutial tuuetdeu code #81 


Compressed-rate processing 


%wvi1n14 implement counter Vu code \WaNdzV711NI15 processing Naz AU 
sample rate 7611N47 14 counter aetflugiaAaUWuA77 ompressed-rate 
processing aetAmduiiia lus war dea nasa teiiuganiMuAdiaeinn 
aus uu FIR 3 ua implement sample-rate expander @N6\2EI 


Ardourvad wNaraiuselaad xaatunrs implement Tasvas719UUL 
multirate structure @a addm (add to memory) bhaz bc (branch conditional) 
AMmalaIAAN LH banz (branch on auxiliary register not zero) Lay b 
(branch) Lareuru 


Real-time rate change and MATLAB interface 


Graphical user interface (GUI) atiied1afasif (as mrategui.m, fediavil 
ser_snd.m) aeVawtiwiaedarad éivuei 1 Av 10 Luda DSP si1u serial 
port. Fa wsatHIsutunrs LUaeu 1 compression Wax expansion 
factor LLUU real time b6 


Run GUI tanvinwerdaimrategui #53 MATLAB prompt. a1NUUAIS 
deh wauLlaauusingduniagd Luna tia 3d wSuLSuUA 1 Compression 
lbaz expansion factor Nazas lu DSP 


Assembly code am atu luiuaxtAudiaaviien DSP Wéisuarin 
AaNWAMAT A TUNUIAAIING sirune Nez 1491 hold. Aawinam 
Lai lavinnrstuaeu serial port A1vSu code wu, AMAaAINITANIAN 
aaviieuas compression Wax expansion factor WLAMaIN GUI LAAN 
ANd wrUNUEH. AméasiINrSUA ly code LNathnnaseNlASuAN 
Yuan serial port, compression Wax expansion factor qnLUALUdAIE A 
LaSuAd "1" HaseuuMIsoei1IUM full rate: UGA WHY "10" seu AIS 
deGiAULAAN sample 9 #12 DVINLLGiay sample Aqnuseuanan lower rate 


SDe 
Co 
—Ss 
EE 


2 a4N647 macro READSER baz WRITSER #0 t#tunrsaistlarauar 
‘Lusi serial port, Vvi1N15 overwrite ARO, AR1, AR2, baz registerAR3 Luu 
AU BK lax condition flag TC. ns vaviutise 409 register tua ri la 
Lian? Taudauautu code, usaqmarsas Aasvi1nis save Wax restore 
altunidaAaNds nauviaelsen tt macro READSER waz WRITSER 4a 
arursavrlaladtdarde mvdm wae mvmd me macro wa ritee 
¥i1N74 set up @7 AR1 Wax ARS ynasonaniaente Teladuiudias 
LUaeu register PAUNIZLSEIN TH macro 


Haya nuvauiAeaAu macro READSER wae WRITSER w1 tan Core File: 
Serial Port Communication Between MATLAB and TITMS320C54x. 


